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Reverberation and Absorption of Sound* 


ERWIN MEYER, Technischen Hochschule, Berlin, Germany 
(Received November, 1936) 


E consider the problem of the acoustics of the speaker, but at the rear of the room a long 
rooms from two points of view, from a_ duration of listening causes a little fatigue. 
geometrical and from a statistical one. For good This is always a sign that the room acoustics 
music and good intelligibility of speech we have are not satisfactory. On the side walls there are 
to consider both. It is necessary that there be thick curtains for darkening the room. If they 
no echoes in a room, especially in the case of are closed one understands every word in front 
energy concentration by curved surfaces. This and rear without trouble. We recognize the 
condition is fulfilled if the time difference be- reason for it at once in the decay of sound, and 
tween the direct sound ray (sound source to here it is necessary to give a brief description of 
auditor) and the first reflected sound does not reverberation measurements. 
exceed 50-100 milliseconds according to the Some years ago the decay of sound was 
magnitude of the returning sound energy. But measured—I think in all laboratories—by an 
this condition alone is not sufficient. W. C._ electrically driven stopwatch, and there were 
Sabine taught that there is a second requirement: many variations of this method. Now it is 
The reverberation time must have a definite usual, after stopping the sound source, to record 
magnitude. These two conditions, one coming the sound on a logarithmic scale. I would like to 
from geometrical and the other from statistical explain quite briefly the method used by us in 
room acoustics, are related and I think these the last two and one-half years. Fig. 1 shows a 
relations are nowadays important. This is il- block diagram of our reverberation meter, a kind 
lustrated by the following example. of high speed sound level recorder. A condenser 
In our institute there is a small lecture theater microphone picks up the sound. After a two- 
for 160 persons with a volume of 270 m*. Natu- stage amplifier, there is a liquid potentiometer 
rally, the reverberation time is the same at all which controls the degree of amplification of a 
places in the room. In spite of this, the intelligi- 4-stage amplifier. The output of it is rectified 
bility in the empty room is very good in front of and the d.c. voltage so generated drives the 
eects pointer of a milliammeter, which carries an 
*Address given by Dr. Meyer at the meeting of the electrode of the liquid potentiometer. The larger 


Acoustical Society of America, Oct. 29-31, New York ; : 
City. : the d.c. voltage the smaller is the distance be- 
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Fic. 1. Reverberation meter, recording sound on a 
logarithmic scale. 


tween the moving electrode and the one fixed 
electrode and consequently smaller also the 
input for the amplifier. By means of this nega- 
tive feed back, the linear scale of the output is 
compressed to a logarithmic scale, provided that 
the form of the potentiometer vessel is ex- 
ponential. So the d.c. output is directly propor- 
tional in a large frequency range to the logarithm 
of the sound pressure amplitude; variations 
of intensity such as 600 db/sec. can still be 
measured. In series with the feed back milli- 
ammeter is another instrument recording on a 
phosphorescent screen. The ordinate on this 
screen is a db scale, the abscissa is divided in 
seconds. By an automatic arrangement the 
decay curves are continually repeated, and 
generally it is only necessary to read the slope 
of the registered logarithmic linear curves. 

Now we return to the reverberation curves in 
the lecture theater. Fig. 2 shows the curves for a 
high frequency (2000 Hz, cycles per second) 
with and without the curtains in the room; the 
microphone was first put in front of the sound 
source and later at the rear wall. The slope of the 
curves for each of the two microphone positions 
is the same and there is no difference in time of 
reverberation between being near or far from the 
sound source. But the first drop in the curve 
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determined by the direct sound ray has differen; 
values for the front and rear of the room. This 
drop is important; the greater this drop, es. 
pecially for the high tones, the greater becomes 
the intelligibility. Here we have the connection 
between the geometrical and the statistical 
room acoustics, and it seems to me necessary to 
investigate this question more: e.g., how large 
this drop should be for different reverberation 
times and different sizes of rooms. I think a differ. 
ence of ten db between direct sound and rever. 
beration energy is sufficient. 

We use these methods for measuring the 
reverberation time in two cases, for the measure- 
ment in concert rooms, theaters, etc., and also, 
in reverberation chambers. I would like to give 
an example for the first case. The best absorp. 
tion material in rooms is the audience and it js 
therefore necessary to measure the reverbera- 
tion of rooms when occupied by the public. This 
is done quite easily by using the new automatic 
sound recording methods. During a concert one 
has only to wait till the orchestra stops suddenly 
as happens at the end of a selection, but also 
very often during the performance. The music 
band then is the sound source, which delivers a 
complex sound. An electric filter in the micro- 
phone circuit selects the desired frequency range 
for the decay curve. Fig. 3 shows two curves 
together with the musical score; in the upper 
curve, the reverberation begins from a stationary 
state, in the lower curve, there are only short 
impulses. The filter frequency was 512 Hz, the 
room the ‘“Philharmonie”’ Berlin. Many curves 
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Fic. 2. Sound decay curves in a lecture room (2048 Hz). 
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of this kind have been recorded, including 
measurements on distant concert halls with the 
aid of the radio. In different rooms the results 
were: 1. In any room with an audience the rever-. 
beration time becomes greater as the frequency 
decreases (40-50). This result is important 
regarding the dependence of the optimum rever- 
beration time on the frequency. 2. The absorp- 
tion per auditor is different in different rooms 
and is in the same room dependent on the number 
of auditors. 

Now we come to the other application of 
reverberation records; the measurements in 
reverberation chambers. We use so many sound 
absorption materials that it is necessary to dis- 
tinguish them by their quality. The reverbera- 
tion chamber method of measuring absorption 
coefficients is mostly used for two reasons. It 
gives the absorption value in a diffuse sound 
field, and the method itself is very simple. But 
on the other hand many measurements of a 
single material in different laboratories using 
principally the same method have shown that 
the results are scarcely comparable. We made 
similar experiments in the Institut fiir Schwin- 
gungsforschung and found that two conditions 
are important,—the size of the rooms and the 
kind of reflection of the walls. The essential as- 
sumption underlying the reverberation chamber 
method is the diffuse sound field; that is to say, 
the sound energy must be the same at all points 
in the chamber and all sound ray directions 
must have the same probability. A reverbera- 
tion chamber can only have these properties if 
the room dimensions are large in comparison 
with the wave-length; in this case the number of 
the ‘‘eigenwerte”’ (natural values) is large and 
therefore the one or the other ‘‘eigenperiod” 
(natural period), with its particular sound dis- 
tribution, will not predominate. One can il- 
lustrate very well the influence of the size of the 
room by the variation in the measured reverbera- 
tion times. For these investigations we had two 
rooms; the reverberation chamber of the Institut 
with a volume of 160 m* and the so-called 
“Wasserschloss"’ of the big electric power station 
Walchensee in South Germany near Munich. 
The latter (Fig. 4) has very thick concrete walls, 
a volume of 13,000 m* and an average reverbera- 
tion time (60 db) of almost 40 sec. at least for 
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Fic. 3. Decay curves in ‘‘Philharmonie,” Berlin 
(with audience). 


low frequencies (Fig. 5). This is, I think, the 
biggest room used any time anywhere for 
reverberation measurements. The institute room 
has 12 eigenperiods within the interval of one 
cycle/sec., the Wasserschloss 1100 eigenperiods 
for one cycle/sec. in the frequency range 512 Hz. 
In both (empty) rooms at the frequencies 128, 
256, etc., up to 2048 Hz, the reverberation time 
was measured 50 times under various circum- 
stances; 3 microphone and 2 loudspeaker posi- 
tions were used. In Fig. (6) the ordinates repre- 
sent the sum (in percent) of all values which are 
equal to or smaller than the abscissa where the 
abscissa gives the reverberation time referred to 
its average value. The full lines refer to the 
small room (Institut), the dotted lines to the 
larger one (Wasserschloss). The results show 
very clearly, that the variations of the reverbera- 
tion time are smaller if the room is larger, also, 
if the warble tone range is larger. The reason is 
simple, that in both cases the number of eigen- 
periods is increased. Still something quite 
interesting should be noted. The warbling con- 
denser of the heterodyne oscillator must have a 
smaller angular velocity in a large room than ina 
small room,- because the decrements of the 
eigentons are smaller. Therefore each component 
of the warble tone excites fewer eigenperiods 
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Fic. 4. Wasserschloss at Walchensee supply station as 
reverberation chamber. 


than in a smaller room with more damped tones. 
For compensation it is necessary to have the 
warble tone spectrum with many components. 

It was interesting to see if the absorption 
coefficients of materials measured in both rooms 
were the same. Two samples were used; a high 
absorption material, slag wool 10 cm thick, and 
a less efficient one, wooden fiber board like 
Celotex. In the Wasserschloss the surface under 
test was 1-2 percent of the whole surface of the 
room, in the reverberation chamber nearly 10 
percent. Fig. 7 represents the results. The dotted 
lines represent the values measured in the 
institute, the solid curves the data in the Wasser- 
schloss. The agreement is close for the fiber 
plates, but not for the mineral wool. The effect 
published by P. E. Sabine, that in larger rooms 
the absorption coefficients are larger, is confirmed 
by the results of Fig. 7. The material with the 
better absorption disturbs the sound field more 
and consequently its absorption coefficient 
depends on the test place in the room, which is 
not true for the other materials. By the way, if 
these measurements, made in_ reverberation 
chambers properly built for such a purpose, give 
so many deviations, one need not be surprised 
that people in different rooms produce different 
absorption. These difficulties cannot be avoided 
by any of the existing reverberation formulas 
such as those developed by Jager-Sabine, 
Waetzmann and Eyring or Millington. 

For the reverberation measurements we can 
use an analogy with optics. The “Ulbricht” ball 
is an optical reverberation chamber, in which 


the energy density, not the reverberation time. 
is measured. This ball even in its smallest form 
is very large in comparison with the wave-length, 
But there is still another difference, the surface 
of the ball reflects light in a diffuse manner, not 
geometrically as the acoustic room. The light jg 
scattered according to the Lambert cosine lay. 
Fig. 8 shows the light distribution in a scattering 
ball and in a chamber with very well polished 
chromium walls, the latter having the properties 
of a mirror. In both cases an electric lamp was 
inside at the center. Through a small hole in the 
wall the light distribution was photographed by 
a pin-hole camera. The direct light beam js 
shadowed out by a screen similarly as in pho- 
tometry. In the geometrical box the light comes 
from distinct directions; in the Ulbricht ball it is 
scattered very equally over all angles. In the 
geometrical box there is a certain energy dis- 
tribution, partly caused by the less reflection of 
the walls, which is only 70-80 percent and not 
95-97 percent as in the acoustical chambers. It 
was interesting to take measurements analogous 
to the acoustical methods, namely, the absorp- 
tion of light by dark paper in the Ulbricht ball 
with a photo-cell. One determines the light energy 
first in the empty ball and afterwards with a 
certain size of paper inside. By the theory of 
Ulbricht, a quite analogous theory to that of 
Sabine or Eyring, the absorption coefficient is 
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Fic. 5. Decay curves of the Wasserschloss. 
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calculated. The results were: the measured 
values are completely independent of the posi- 
tion of the piece under test in the diffuse box; 
they vary enormously in the geometrical box: 
The same result is found for different sizes of the 
test piece; in the diffuse ball the size could be 
varied in the ratio 1 : 100 without a slight devia- 
tion of the absorption coefficient. By these 
results one is encouraged to transfer them to 
acoustics. Preliminary attempts have already 
been made, e.g., the new reverberation chamber 
of the British National Physical Laboratory has 
no parallel surfaces,—walls, floor and ceiling. 
But that seems to be no complete solution of the 
problem, for the gemetrical reflection is still 
present and the eigenperiods are almost the 
same. Only their easy calculation has been lost. 
Therefore we have built at first a model room 
with a volume of 13 m* and 0.7 sec. reverberation 
time (Fig. 9). The walls could be turned so as to 
present smooth surfaces instead of the corru- 
gated ones. The frequency range used was 7000 
Hz. The results were similar to the optical test; 
they varied much less on position of the material 
and on its size than in the regular room. In spite 
of these good results, the absolute value of the 
coefficient did not agree with the figures ob- 
tained by other methods (direct reflection in open 
air, which can be performed very well with the 
short wave-length used). 
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Fic. 6. Deviations of the reverberation lines from a mean 


value (Institut rev. chamber—Wasserschloss). 
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Perhaps a new theory is necessary. I thought 
it instructive to speak about these experiments 
although the question of the reverberation 
chamber is not decided by them. Even if a solu- 
tion in the sense of really diffuse reflecting rooms 
were physically and theoretically possible, there 
are many practical difficulties for its realization 
because of the large wave-length. I am of the 
opinion that one should continue in the future 
the measurements in the rectangular rooms with 
geometrical reflection, but for the high absorbing 
materials it would be necessary to make certain 
definitions about the area of the material. For the 
moment we can compare only the values meas- 
ured in the same laboratory. In favor of such an 
agreement, it can be said that the data of rever- 
beration chambers are in all cases satisfactory 
for technical purposes and they can be obtained 
easily. For physical measurements we have other 
methods, e.g., the tube, the pressure gradient 
microphone for oblique incidence or the sound 
resistance measuring devices. 

Concerning the sound absorbing materials 
themselves, it is useful to distinguish between 
the porous nonflexible ones and the nonporous 
flexible ones. We know nowadays the physical 
properties of both types. The theory and the 
experiments about the first kind are often 
described and it is known, that 3 nonacoustical 
constants, the thickness, the flow resistance, and 
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Fic. 7. Absorption coefficients measured in the Wasser- 
schloss and in the Institut. 








Fic. 8. Light distribution in the Ulbricht ball and in a 
box reflecting geometrically. 


the porosity of the material determine completely 
its acoustical behavior. Further it is known that 
porous materials absorb chiefly middle or high 
pitched tones. Fortunately we possess in some of 
mentioned absorbers an efficient type absorbing 
the low and middle tones and I would prefer to 
speak about them. Still recently one had a false 
idea about their efficiency. Wooden boards at a 
distance from the wall and nailed upon wooden 
scaffolding have been often used in concert 
rooms and there was the general opinion about 
them that the sound from the orchestra stage 
was propagated as structure borne sound to the 
wooden plates and radiated by them into the air. 
On account of the velocity in wood the room 
would be filled up almost instantaneously with 
sound, which could be very useful. In different 
rooms of this kind (Plywood Hall in Cologne, 
Gewandhaus in Leipzig) we have looked for this 
effect, but have not found it. The structure sound 
was not present, or in all cases was so small, that 
it was negligible in comparison with the air 
sound. This can be understood, because the 
wooden ‘line’ from the stage to the wooden 
plates has too many interruptions. 

To the group of flexible or vibrating sound 
absorbers belong plywood, aluminum foil, 
oilcloth, wall paper; everything suspended at a 
distance from the wall. Fig. 10 shows the scheme 
of the suspension and also its electric analogy. 
We can assume that its lowest eigenperiod has 
only a few cycles/sec.; therefore, the plates act 
in the acoustic frequency range like a mass; 
their own elasticity can be neglected. Here the 
elasticity is given by that of the air cushion. 
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If m be the specific plate-mass, c the velocity 
in air, e the density and 7 the distance from 
the wall; then the resonance frequency js 
n=(c/2r)((e/m)I)*. This formula is only applica- 
ble if a plane wave strikes the material normally 
and if this plate oscillates as a homogeneous 
piston at all points with the same phase and with 
the same amplitude. The assumptions are in 
reality not true; the sound comes at random 
from all directions and besides, the plate is not 
homogeneous. Therefore it oscillates at different 
points unequally. In consequence, parallel to the 
plate, a pressure gradient in the air space between 
plate and wall exists and excites air vibrations 
in this direction. The air space in a two dimen- 
sional room has a double row of eigenperiods; 
its behavior is only quasi-stationary in the 
thickness dimension. If one wishes to have it act 





Fic. 10. Vibrating sound absorbers and their 
electrical analogy. 
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Fic. 11. Sound absorption curves of vibrating absorbers. 
(a) Without and (b) with porous materials in the air 
space. 


as the theory demands, one must absorb the 
lateral oscillations. This is, e.g., possible by 
inserting porous materials as cotton or mineral- 
wool at the boundaries of the air space. 

Fig. 1la and b give an example. There are 
used plywood and wrapping paper at a distance 
of 5cm from the wall. The curves (a) refer to the 
empty air space, the curves (b) to the side 
damped state of the air space. The damping 
material inside increases very much the absorp- 
tion power. In the latter case the damped 
natural frequencies coincide nearly with the 
resonances calculated by the above formula. 
Several layers of flexible materials must have the 
properties of low pass filter: The low frequencies 
pass, the high tones are reflected. Fig. 12 con- 
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Fic. 12. Low pass filter as sound absorber. 


firms this prediction for a three layer combina- 
tion of oilcloth. An important point is the dura- 
tion of the transients. The plates oscillate, there- 
fore, expressed transients can be expected. But 
the absorption curve considered as a resonance 
curve shows large damping and the experiment 
in the open air with tone impulses proved that 
the duration of the transients is only 1—2 periods; 
therefore, we can neglect them in normal rooms. 

As we have seen, the vibrating sound absorbers 
absorb the low and middle frequencies; they 
have short transients, therefore, they are most 
suitable to compensate the smaller absorption 
of the porous materials at the low frequencies. 
If this manner it is possible to get rather flat 
reverberation frequency, which is a much 
desired aim. 

With this conclusion I would like to terminate 
my lecture. I think room acoustics is one of most 
interesting domains of the general acoustics. 
We know today very well the properties of the 
sound absorbers, but there is a great deal to be 
done on the distribution of sound in rooms. 
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In a previous abstract,! a method was described for 
measuring the sound absorptivity of small specimens. 
Sound from a loudspeaker travels down a cast-iron tube 
8 inches in diameter, strikes the specimen under test at 
an angle of 45 degrees and is reflected down a side tube 
where it is measured. By measuring the sound reflected 
down the side tube from a thick glass plate, and by 
measuring the sound in the side tube when an exponential 


INTRODUCTION 


OUND in a room is absorbed almost entirely 
in the process of reflection at the walls and 
other surfaces, very little of it being lost in 
traveling through the air except for high fre- 
quencies. The problem of sound control in a room 
therefore requires that the sound absorptivity of 
the acoustical materials used in obtaining cor- 
rection be known. The usual procedure in de- 
termining the absorptivity is to use the reverber- 
ation method, wherein a sound of standard 
intensity is set up in a room, the source stopped, 
and the time of dying out of the sound observed. 
This is done with and without the material in 
the room, and these two measurements, together 
with predetermined constants of the room, allow 
the absorptivity to be calculated. This method 
requires the use of a large room whose surfaces 
are as perfectly sound reflecting as possible in 
order that the sound will be prolonged. Moreover, 
to secure a sufficient difference in the times of 
decay, the area of the specimen must be rela- 
tively large, of the order of seventy-five square 
feet. 

Because of these requirements it is desirable in 
the practical development of new materials to be 
able to determine the absorptivity with smaller 
areas without the necessity of using a large 
special room. 

In this paper a method will be described for 
obtaining the absorptivities of specimens only 
one square foot in area by placing them in a tube 
and measuring the sound reflected from them, 


* Presented at the meeting of the Acoustical Society of 
America, Chicago, May 4, 1936. 

** Now with RCA Mfg. Co., Inc., Camden, N. J. 

1 J. Acous. Soc. Am. 5, 64 (1933). 








162 


Ba Bes VOLUME 2 


A Modified Tube Method for the Measurement of Sound Absorption* 


KERON C. Morrica,** Department of Physics, University of Illinois, Urbana, Illinois 
(Received May 4, 1936) 


horn is substituted for the specimen, it is possible to arriye 
at the reflectivity and consequently the absorptivity of 
the specimen. The earlier apparatus has been redesigned 
and measurements have been taken on a large number of 
materials. For the frequency of 500 c.p.s. the method has 
given absorptivities for commercial materials that are jn 
satisfactory agreement with those determined by fe. 
verberation measurements. 


from a glass plate, and from the throat of an 
exponential horn. Values obtained by this method 
will be shown to be in satisfactory agreement 
with the results of reverberation measurements. 


GENERAL THEORY 


The wave motion under consideration being 
irrotational, a velocity potential exists such that: 


velocity = —grad ¢, (1) 


where $=velocity potential. The standard 
D’Alembertian wave equation for @ is derived 
from the equation of continuity and the equation 
of motion, and is: 


—CV*o=0, (2) 


where c= velocity of sound. 
For a plane, simple harmonic wave traveling 
to the right, a solution of (2) is: 


p= Aeietkz), (3) 


where k=27/A=w/c and \=wave-length. The 
particle velocity is 


£= —0¢/dx=jkAeie'*»), (4) 
The excess pressure is 
p= po=jwpAeer'), (5) 
and the intensity is given by: 
I = p*/pc= pi = pcé?, (6) 


where p=density and p and é are the R.MS. 
values. 

It will be noted from Eqs. (4) and (5) that the 
excess pressure and the particle velocity are in 
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phase. This is a special case; in general the 
pressure and velocity are out of phase. 

The specific acoustic impedance at a point is 


the complex ratio of the pressure to the particle 


velocity : 
s=p/t=r+jx= Ze, (7) 


where Z=(r?+x?)? and tan 0@=x/r. In this equa- 
tion r is the specific acoustic resistance and x the 
specific acoustic reactance. In light of Eq. (7) the 
intensity relations above must be rewritten to 
take into account the phase difference between 
the pressure and velocity : 


I=(p? cos? 0)/r= pé cos 0= ré?. (8) 


This is in agreement with the expressions for 
power in alternating current circuits. 

The above relations between fundamental 
acoustical quantities have been given as a source 
of convenient reference and no attempt made to 
derive them since they are treated in all recog- 
nized texts on the subject.’ 

Consider now, Fig. 1, a plane wave of sound in 
air striking a plane surface at normal incidence. 
The pressure and velocity of the incident wave 
are: 


pi= Pei! kx) (9) 
£;= pi/2=(Pi/pc)e'! we). (10) 


9g 
2 


” 


Fic. 1. Reflection of wave at a surface. 





*Lamb, Dynamical Theory of Sound (1925); Olson and 


(is Applied Acoustics (1934); Davis, Modern Acoustics 
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Gouna m G I+ Ge" 





Gcosa 1 


Fic. 2. Vector addition of pressures at the surface. 


since 2=pc+j0=pce”. Let the surface upon 
which the wave is incident have a_ pressure 
reflection factor g, which is in general complex, 
and a specific acoustic impedance of 2, i.e., 


g=Ge'*=G(cos a+j sin a), (11) 
2=Ze®=r-+jx. (12) 


The pressure and velocity of the reflected wave 
are: 


pr =gpi=GP ei (o'tkrta) (13) 
£.=p,/pc=[(GP;)/(pc) jeett**+@), (14) 
The intensity in the incident wave is: 
I;=P;?/(2pc) (15) 
and in the reflected wave: 
I, = (G?P;?)/(2pc). (16) 


By definition,’ the reflectivity is given by the 
ratio of J, and J;: 


r=I1,/1;=G’. (17) 
The absorptivity, a, is defined* as i—r, so 
a=1—G?’. (18) 


Attention is called to the fact that the change 
of phase, a, which occurs upon reflection, does 
not affect the intensity of the reflected wave 
since the amplitude of the pressure, which, with 
the impedance, determines the intensity, is de- 
termined by the magnitude, G of g. The acoustic 
reflectivity of the surface thus bears a very 
simple relation to the magnitude of the pressure 
reflection factor. 

Continuity of pressure requires that the pres- 
sure p,=P,e'*'"” of the transmitted wave 
equal the sum of the pressures of the incident and 
reflected waves at the surface x=0: 


Pye'*'+¢P je!" = Pei! (19) 


or P,=(1+2)P;=(1+Ge'*)P;, (20) 
“8 J. Acous. Soc. Am. 2, 311-324 (1930). 

















eh 
Al 
ee 

















a | 
Lt I 
: ' | 
g RET ame / ame 
z MAK TT 
2 WON AAT al 









AAS ee Aad 
esas eae Hf? |?| Pad we 


REFLECTION 








+ 






a 

HA ee 
L oT TT 
Gt 


% 


KERON C. 


MORRICAL 


+H — = au 

Tre At oH meni 

a a satu 
SRY SER 

a +$—j}— att ft Bautil 


aul 

th : oa A te 

r a 

Aah Ht +f i 
bees ase LL 

EE ee ait 

a) 7 11} rR 
mae Po 4 atti htt 

aise, mena i CART 


tt mae) 


IN RADIANS. 


SHiF 











Fic. 3. Curves showing reflection loss and phase shift resulting from mismatch of impedances. 


and the transmitted pressure becomes: 
Pe=(1+Ge!'*) Pei et), (21) 
The resultant particle velocity is: 
£,= p,/z=[(1+Gei*)/Z]Pieit-42-, (22) 


The magnitude of the factor (1+Ge*) ap- 
pearing in the above expressions for the pressure 
and velocity is: 


1+Ge’*=((1+G cos a)?+(G sin a)?)} 


=(1+2G cos a+G?*)?. (23) 


Fig. 2 explains this expression by showing the 
vector addition (in time) of the pressures at the 
surface. The intensity of the wave in the material 
then, is: 


P?? cos ‘e P;? cos 6 
—(1+2G cosa+G?). (24) 
2Z 2Z 








t= 


The incident energy must be accounted for in 
the reflected energy and in the absorbed energy. 


Thus: 
P;? _G -P;? P cos 0 











(25) 


“ogy 2 pc 





which yields: 


Z 1+2G cos a+G* 


——— = pc : (26) 
cos 6 1 -~@? 





Eq. (26), being derived from a consideration of 
energy, expresses a relation between the real 
parts only of the complex quantities. In addition 
to continuity of pressure at the surface, there 
must also be continuity of the particle velocity 
(or displacement) : 


f= f,+82. (27) 


Using the values from (10), (14) and (22) 


coaghithg concn chance rig (28) 
pc pc z 
or 


=pc(1+g)/(1—g). (29) 


This simple relation between the specific 
acoustic impedance and the pressure (or velocity) 
reflection factor has been derived by Davis* in an 
entirely different manner. Eq. (29) as it stands 
is complex but may be readily resolved into its 





4 Davis, reference 2, p. 207. 
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real and imaginary components by the use of 
Eqs. (11), (12) and (23). Eq. (29) may also be 
solved explicitly for g: 


g=(z—pc)/(2+pc). (30) 


The relations between G, Z/pc, a and @ are 
exceedingly involved, but the curves in Fig. 3 
show the reflection loss and phase shift resulting 
from a mismatch of impedances plotted against 
the magnitude of the ratio of the impedances for 
different values of the parameter 6, the angle 
between the impedances. Shea’ has computed 
these for the corresponding electrical case. 

Of the foregoing characteristics of a substance, 
the one that is of most importance in the use of 
that substance as a material for acoustical 
correction is the absorptivity (or the reflectivity). 
It is this factor which determines the rate of 
dissipation of energy at the boundaries of a room 
and thus the extent to which sound energy, once 
introduced into the room, will be affected. The 
original work of Sabine® established the relation- 
ship between the dimensions of the room, the 
total absorption in the room, and the time of 
reverberation. The method he devised for meas- 
uring the absorptivity directly is in wide use 
today but is, unfortunately, subject to the 
disadvantages mentioned in the introduction. It 
possesses one great advantage, however, of de- 
termining the absorptivity under actual con- 
ditions of use, that of large areas of materials 
subject to sound at random incidence. 

Watson’ has measured the absorptivity and 
reflectivity of large specimens in the open by 
directing a beam of sound directly upon them. 
Other observers* have determined the absorp- 
tivity by measuring the reflection factor by the 
method of standing waves in a tube closed at one 
end by the material. The numerical values 
obtained by these reflection methods depend 
upon the angle of incidence and therefore do not 
agree with values obtained by the reverberation 
method. These reflection results do, however, 


*Shea, Transmission Networks and Wave Filters (1929). 

*Sabine, Collected Papers on Acoustics (1922). 

"Watson, Bull. No. 127, Eng. Expt. Stat., Univ. of III. 
(1922), 

*Tuma, Wien. Ber. III., 402 (1902); Weisbach, Ann. d. 
Physik 33, 763 (1910); Taylor, Phys. Rev. 2, 270 (1913); 
Paris, Proc. Phys. Soc. 39, 269 (1927); G. Heimburger, 
Phys. Rev. 31, 275 (1926); Wente and Bedell, Bell Sys. 
Tech. J. 7, 1 (1928). 
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allow comparisons of the absorptivities of differ- 
ent materials for the same angle of incidence. 
Davis and Evans’ give a chart showing the 
difference between the reverberation values and 
the stationary wave values. 

In the present investigation the reflectivity (or 
absorptivity) is determined by a modified tube 
method in which the material is placed at an 
angle of 45 degrees to the incident sound. 


DESCRIPTION OF APPARATUS 


With the sound incident normally upon the 
material as just explained in the theory, the 
incident and reflected waves are in the same line 
and set up standing waves from which it is 
difficult to obtain the measurements needed to 
calculate the absorptivity. Therefore in this 
investigation the sound was caused to strike the 
material at an angle of 45 degrees, which elimi- 
nates, or materially reduces, the standing waves. 

Sound from an electrodynamic loudspeaker 
passed through a cast-iron tube 8 inches in 
diameter and 2 feet long where it impinged on the 
material set at an angle of 45 degrees to the axis 
of the tube. Here part of the sound was absorbed 
and the remainder reflected so as to pass at right 
angles to its original direction through a side 
opening into another tube where it was measured 
by a condenser microphone. The path from the 
material to the microphone was enclosed by a 
tube, also 8 inches in diameter, but constructed 
of a layer of ground cork 2 inches thick held in 
place by porous metal screening which served to 
absorb practically all of the sound not striking 
the microphone. 

For comparison, measurements were also taken 
for the sound reflected from a thick glass plate 
which was assumed to be totally reflecting. In an 
attempt to determine how much of the sound 
reaching the microphone was due to diffraction 
from the main tube, measurements were taken 
with the material, and therefore the reflecting 
surface, removed. However, it was found that 
practically total reflection took place into the 
side tube because of the extreme mismatch of 
impedances, the condition being analogous to the 
reflection from the open end of an organ pipe. To 
avoid this reflection, it would have been neces- 








® Davis and Evans, Proc. Roy. Soc. 127, 89 (1930). 
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sary to connect an infinitely long tube 8 inches in 
diameter to the main tube. A more practical 
arrangement for avoiding reflection was to use 
an exponential horn which can be thought of as 
an impedance matching transformer that takes 
the sound delivered to its relatively small throat 
and delivers it to the air over a much larger 
area. 

The theory of horns!® shows that for no reflec- 
tion from the mouth, the perimeter of the mouth 
should be larger than the wave-length of the 
sound considered. The theory further shows that 
the exponential type is the most efficient inas- 
much as, although the same ultimate impedance 
is eventually reached by all horns, it is reached 
at a very much lower frequency by the expo- 
nential. For an exponential horn of cross section 
So at the throat the flaring is given by: 


S= Soe", (31) 


and the impedance at the throat can be shown 


to be: 
pc m*\? pcom 
2=<(1-- ) +j——. (32) 
So 4k? So 2k 


10 Olson and Massa, reference 2, p. 43; Crandall, Theory 
of Vibrating Systems and Sound, p. 152 (1927). 
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If m/2k=1, the radiation resistance of the horp: 


is zero and the horn transmits nothing. Energy jg 
radiated only at frequencies above f=mc/4r, 
which is called the cutoff frequency. The action 
of the horn is therefore that of a high pass filter. 
The value 0.06 per inch chosen for m causes the 
cutoff frequency to be 67.5 c.p.s. At 125 cps, 
the lowest frequency used, the radiation resist. 
ance becomes 0.84 of the ultimate and trans. 
mission is thus assured over the range of fre. 
quencies used in this investigation. 

Further tests were made after the exponential 
horn was added and it was decided to replace the 
cork layer in the side tube by a second expo- 
nential horn, which was a duplicate of the first, to 
make certain that all the reflected sound was also 
carried away. After later measurements proved 
the arrangement was likely to give good results, 
the apparatus was completely rebuilt to make it 
stronger. A diagram of the final set-up is shown 
in Fig. 4 

Exponential horn B is joined to the rest of the 
apparatus by means of telescoping tubes ma- 
chined from heavy cast-iron pipe. This makes 
possible the use of a specimen of any thickness 
up to six inches. The telescoping section holds 
the specimen tightly in place against a rubber 
tubing cemented on the opening, and when no 


Fic. 4. Diagram showing experimental layout of apparatus. 
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specimen is in place the section is moved over 
against this rubber tubing to make a tight joint. 
Between the horn and the telescoping section is 
an adapter, constructed from thick lead, to make 
the transition from a circular to a square cross 
section. Horn A is connected to the side tube by 
a similar adapter. 

The sound was measured by means of a 
condenser microphone coupled to a Wynn- 
Williams balanced vacuum tube voltmeter by 
means of a 90-db voltage amplifier. The input to 
the amplifier was obtained from a 10,000 ohm 
voltage divider which is connected across the 
output of the microphone. The signal taken off 
is the ir drop across a portion R of the divider, 
and is thus R/10,000 of the output of the 
microphone. R is chosen to give a convenient 
deflection of the galvanometer. For other pres- 
sures R is adjusted to give the same deflection 
and the pressures can be compared by comparing 
values of R. The same deflection means the same 
input to the voltmeter which means the same 
input to the amplifier. Since the system is always 
operated at the same level, no question of line- 
arity enters and the accuracy depends only upon 
the accuracy of the voltage divider. The voltage 
divider can be varied in 10-ohm steps from 0 to 
10,000 ohms, allowing measurements to be made 
to three significant figures. 

One important feature of the apparatus as- 
sembly is a miniature condenser transmitter only 
0.8 inch in diameter, which was obtained for 
the purpose of making pressure determinations 
inside the apparatus where it was not possible to 
place the larger microphone. Because of its 
small size it introduces negligible distortion in 
the field in which it is placed. It is mounted at 
one end of a small aluminum tube 6 feet long 
which is connected by a flexible cable to the 
preamplifier and so can be used as a probe. 

A 5-inch cathode-ray oscillograph was used in 
the observation of wave form and phase. When 
used to determine the relative phases of different 
waves the sweep circuit is synchronized with the 
oscillator and the positions of the waves on the 
screen depend upon the relation of their phases 
to the oscillator. The difference in phase between 
two waves may therefore be determined by 
observing the positions of the waves on the 
screen of the tube. Oscillograms taken in this 
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Fic. 5. Oscillograph traces showing phases of pressure 
wave for frequency of 500 c.p.s., left, pressure at mouth 
of horn A, right, pressure in main tube. (a) Horn B 
attached, (b) glass in place, (c) BBB Celotex. 


manner at a frequency of 500 c.p.s. are shown in 
Fig. 5. In Fig. 6 is shown a photograph of the 
apparatus. The view is along the axis of the main 
tube, the speaker being removed to show a 
specimen in place and the miniature condenser 
microphone in the tube. The horn, (A), termi- 
nating the side tube is shown at the extreme 
right and the other horn, (B), is shown opening 
into a highly damped room. The cathode-ray 
oscilloscope is standing immediately to the left 
of this opening. The sound pressure measuring 
equipment, comprising the voltage divider, the 
voltage amplifier and the vacuum tube voltmeter 
appear at the extreme left. 


MEASUREMENTS AND RESULTS 


Referring to the diagram in Fig. 4, the pressure 
at the throat of horn A is the sum of the pressure 
in the wave reflected from the surface of the 
material and the pressure in the wave diffracted 
into the side tube. The pressure in the wave 
incident upon the material is p; and the pressure 
in the reflected wave is gpi, where g is the 
pressure reflection coefficient. If the pressure in 
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Fic. 6. Photograph of apparatus. 


the diffracted wave be designated by pz, the 
total pressure at the throat of horn A is 


p= pat gpi. (33) 


The measurement of the pressure was not 
made in the throat of the horn but at the mouth. 
This arrangement was followed because the 
condenser microphone was so large that it would 
seriously interfere with the passage of the sound 
waves in the throat. The relation between the 
pressure at the mouth and the pressure at the 
throat is simply the transformation ratio of the 
horn. 

Experimentally, pressure measurements were 
taken with the specimen in place, then with the 
glass plate substituted for the specimen and 
finally, with the glass plate removed so that the 
sound passes out through horn B. 

Eq. (33) becomes: 


pb; (specimen) = pat+ gpi, (34) 
p, (glass) =path,, (35) 
Ph (horn) = pa. (36) 


These equations assume that the sound diffracted 
is constant and independent of the reflecting 
surface, and that the horn is totally absorbing. 
The pressures as expressed in Eqs. (34), (35) 
and (36) are the instantaneous values and are 





therefore vectors in time. The magnitude of the 
sum of two such pressures lies between the sum 
and the difference of the magnitudes of the 
individual pressures: 


P,\—P2=pitp2=Pi+P2. (37) 


However, very little phase difference is to be 
expected between the reflected and the diffracted 
waves. That this is true is borne out by oscillo- 
grams, a typical set of which is reproduced in 
Fig. 5 for 500 c.p.s. which show that the phase is 
independent of the reflecting surface. This means 
either that the reflected and diffracted waves are 
in phase or that one is negligible with respect to 
the other. 

Measurements of the pressures are made by 
setting the potentiometer for each pressure so 
that the same deflection of the galvanometer 
results. If R is the resistance which supplies the 
signal to the amplifier, then the pressures are 
inversely proportional to R. Combining this 
relation with the fact that the pressures are 
essentially in phase, Eqs. (34), (35) and (36) 
become: 


ps=patgp:=k/R,, (38) 
Py=pPat bi =k/R,, (39) 
Pr ae Pa = k/R. (40) 
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Eliminating pa from these and solving for g 
results in: 


g=(R,/(Ri—R,) (Ri—Rs)/Re). (41) 


This expresses g in terms of three pressures 
measured at the mouth of horn A. It is not 
necessary to know k, which depends upon the 
sensitivity of the microphone, the gain of the 
amplifiers and the particular galvanometer de- 
flection selected, or to know the values of* the 
component pressures. 

In Eq. (41) it is implicitly assumed that the 
pressure in the main tube remains constant. Due 
to the changing load on the system, this pressure 
in general varies and it was therefore measured 
each time by the miniature condenser micro- 
phone placed in the tube. It was found too 
laborious to attempt to maintain this pressure at 
aconstant value by varying the speaker current; 
instead, the actual pressure was measured and 
calculations by simple proportion gave the 
readings that would have been obtained under 
conditions of constant pressure. Representative 
data for 500 c.p.s. are shown in Table I. 

Column (1) contains the values of R fer the 
miniature microphone in the tube and column 
(2) contains the values of R for the large micro- 
phone at the mouth of horn A. In column (3) the 
readings in column (2) have been referred to the 
constant pressure level represented by a resist- 
ance of 6000 ohms for the miniature microphone. 
Values of g, computed from Eq. (41) and the 
corresponding absorptivities, computed from Eq. 
(18) are given in columns (4) and (5), respec- 
tively. The readings in column (3) are the ones 
that must be used in Eq. (41). 

For any given values of R, and R, a curve may 
be drawn expressing g and a as functions of R 
for values of R between R, and R,. Curves 
constructed from the data in Table I are shown 
in Fig. 7. The values of g and a for each of the 
specimens are obtained by referring to the 
resistance value in column (3) corresponding to 
that material. For purposes of comparison, the 
materials have been tested also by the reverber- 
ation method and the values thus obtained are 
shown by the circles plotted on the value of R 
corresponding to that material. Agreement be- 
tween the absorptivities determined by these 
widely different methods is very good. 


METHOD 





FOR SOUND ABSORPTION 169 





Another way of considering this problem is 
from the standpoint of the electric circuit analog 
in which a source of generated voltage E and 
internal impedance Z,; replaces the loudspeaker 
and supplies current to a branched circuit. The 
impedance Z2 represents the side horn A and the 
impedance Z, represents any one of the three 
cases—the reflecting glass, the reflecting speci- 
men or the horn B. The circuit is shown in Fig 8. 

The miniature microphone in the tube meas- 
ures pressure and also velocity since the velocity 
is proportional to the pressure; therefore it may 
be represented in the electric analog by an 
ammeter measuring the current J;. This current 
I; is inversely proportional to R,, the voltage 
divider reading for the miniature microphone. 
Likewise, the microphone in the mouth ef horn A 
measures the velocity there and the corresponding 
current J, is inversely proportional to Re, the 
voltage divider reading for this microphone. 
From the circuit in Fig. 8: 











Z:+Z2 ky 
I,=E———_ ————_=—, (42) 
Z:Z22+Z:Z:+Z2Z, Ry 
E-1I,Z, Ba ko 
I,=————_ = E- —— =—, (43) 
Z2 ZiLZet+ZiZi:tZoZz Re 
I, ki Ro Ze 
=— —=— +], (44) 
Ts ko Ry Ze 
For glass, Z,;=infinity, 
ki, k= (R1/ Re) giass- (45) 


For the horn, Z,=Zh, 
Z2/Zn+1=(ki/ke)(Re/Ri)horn- (46) 
For the specimen, Z,=Z,, 
Z2/Z.+1=(k1/k2)(R2/R1)specimens (47) 


TABLE I. Representative data obtained from the tube for 
frequency 500 c.p.s. 











a) | @Q) (3) (4) (5) 
J.& Al 
SPECIMEN | Min. |J. & A.| 6000 g a 
Horn 5180 | 3720 | 4305 
Glass | 7110 | 2810 | 2370 
BBB Celotex | 5490 | 3440 | 3760 | 0.178| 0.97 
Reverse BBB | 6630 | 2920 | 2640 | .772| .40 
Quietile 5920 | 2980 | 3020 | .518| .73 
| | 
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Fic. 7. Curves showing reflection coefficient and absorptivity for frequency 500 c.p.s. 


Use of the data in Table I above results in 
ki/ke=2.53 and Z2/Z,=0.819 from which the 
ratio Z,/Z;, can be determined for each specimen. 
This impedance ratio must be used instead of 
Z,/pc to obtain the pressure reflection factor 
from Eq. (30). Table II gives a comparison of 
values obtained by the two methods together 
with the absorptivity determined by the rever- 
beration method. 

Inspection of the values for a shows a satis- 
factory agreement. 

Similar measurements have been made for 
frequencies above and below 500 c.p.s. but the 
agreement with values determined by the re- 
verberation method is not as satisfactory as for 
500 c.p.s. In an attempt to determine why good 
agreement was obtained at the frequency 500 
and not at others, the pressure conditions inside 
the tube were extensively investigated by means 
of the miniature condenser microphone used as a 
probe. The microphone, being small, could be 
placed anywhere in the system without causing 
distortion of the sound field. The oscilloscope was 
used instead of the voltmeter since rapid and 
continuous observations of both phase and 
amplitude were possible with it. 

At 500 c.p.s. the pressure in the main tube was 
uniform except in the neighborhood of the 


reflecting surface where the total pressure was 
the sum of the incident and reflected pressures. 
In the side tube the pressure was uniform until 
the exponential horn was reached where it fell off 
exponentially as expected in a horn of this type. 
No reflected wave from the mouth was observed. 
With horn B in use, the conditions in the main 
tube and side tube were the same as when a 
reflecting surface was present except for a 
difference in amplitude. The direct wave under- 
went some diminution in amplitude at the 
junction because of the loss by diffraction into 
the side tube, but thereafter was uniform until it 
began to decrease exponentially in the horn B. 
There was no observed reflection from the mouth 
of this horn. 

At other frequencies the pressure mapping 

TABLE II. Values of the pressure reflection factor and the 
absorptivity obtained by the reflection method and the electric 


circuit analog method at 500 c.p.s. together with the absorp- 
tivities determined by the reverberation room. 





ACOUSTICAL 


SLECTRICAL ANALOG REV. 
METHOD ELECTRICAL 


Zs/Zh | g | a a 





SPECIMEN g a 


BBB Celotex | 0.178| 0.97 | 1.400 | 0.167 | 0.97 | 0.96 
Reverse BBB | .772| .40 | 7.25 | .758| .42 | 40 
Quietile 518| .73 | 2.99 | 498) .75| «7 
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MODIFIED TUBE METHOD 
disclosed that the conditions were not as ideal as 
those at 500 c.p.s. At higher frequencies the 
pressures varied considerably from the ideal 
because of the distortion set up by radial 
vibrations, the origin of vibrations being some- 
what obscure. At low frequencies where the 
wave-length is great in comparison with the 
dimensions of the system, the condition becomes 
similar to that in a straight tube with the 
specimen as part of the wall without the reflect- 
ing action which is obtained at the higher 
frequencies. 


CONCLUSIONS 


Representative data given in the preceding 
section demonstrate that at the frequency 500 
c.p.s. the apparatus may be relied upon to give 
results that are in satisfactory agreement with 
values obtained by the reverberation method. 
The absorptivity determined by the reverber- 
ation method is of especial importance because it 
is obtained by testing the material under actual 
conditions of use and therefore the value ob- 
tained can be relied upon to predict the per- 
formance of the material in an actual installation. 
Moreover, in correcting a room acoustically, it 
has been the general practice to obtain correction 
at 500 c.p.s., giving consideration to special 
requirements at other frequencies. The method 
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Fic. 8. Electric circuit analog of the acoustical problem. 


described above is therefore valuable for ob- 
taining a usable value of the absorptivity. 

It is to be noted that the method yields 
absolute values of the absorptivity without cali- 
bration with other known materials. Further- 
more, a specimen of small area is sufficient to 
give the required measurements. At frequencies 
other than 500 c.p.s. the method will yield 
comparative values which are of importance 
in the development of new materials, or, by the 
use of materials whose absorptivities are known, 
the apparatus can be calibrated to give absolute 
values. 
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The Theory of Sound Transmission Through Porous and Nonporous Materials 


VOLUME ¢ 


MICHAEL RETTINGER, RCA Manufacturing Co., Los Angeles, California 
(Received June 9, 1936) 


ANY problems in acoustics can often 
quickly be solved by taking recourse to 
the solutions of analogous problems in communi- 
cation engineering. Thus a source of sound in free 
space may be likened to a generator applied to an 
infinite line or one which is terminated in its 
characteristic impedance. Whenever there exists 
a ‘‘mismatch,”’ a reflected wave is set up which 
will start at the receiving end and travel towards 
the source. This is also the case when a sound 
wave strikes a wall, or generally speaking, a 
medium of different acoustic impedance than the 
medium in which the sound was generated. 

If the resultant vector voltage at any point ina 
mismatched line is designated by E, and the 
voltage of the wave traveling in the negative 
direction, i.e., in the direction of decreasing x, is 
called EF’, while the voltage traveling in the 
positive direction is E’”’, then at any point the 
vector relation will be 


E=E'+E” 
= Ae*+ Be, 


where @ is complex and called the propagation 
constant. 

In the case of transmission of sound through a 
wall we are interested in the ratio of the pressure 
in back of the wall to that in front of it. We must, 
therefore, confine ourselves to the sound wave 
within the material, in which we have also a 
direct wave, and a wave reflected from the inner 
far surface of the wall owing to the difference in 
the values of the acoustic impedance for the wall 
material and air. See Fig. 1. 

For this surface Sz we have the well-known 
boundary conditions: 


(1) Continuity of pressure, i.e., 
Pr=Prt+P, 


where P7, Pr, P; represent the pressures of the trans- 
mitted, reflected, and incident wave, respectively. 
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(2) Continuity of volume displacement, i.e., 
Vr=—-VertVy_ 
where V7, Vr, Vz represent the volume displacements of 
the transmitted, reflected, and incident wave, respectively. 
Now, as in the electric case for the voltages, 
we have for the equation of the pressure of the 
sound wave in the material 


P=Ae"*+Be er (1) 
while for the particle velocity we have 
V=(—Ae*+ Be) /Z, (2) 


where Z is the acoustic impedance of the wall 
material. 

At the point x=0, when P= Py and V=J) we 
get from (1), (2) 


A=3(Po—VoZ), (3) 
B=3(Pot+ VoZ). (4) 


Substituting (3), (4) in (1), (2), and setting 
x=d, we get 


P’ =P, cosh (ad)+ VoZ sinh (ad). (3) 


It was only to emphasize the analogy between 
the acoustic and the electric case that the above 
equation was derived. An exactly similar equa- 
tion exists for a terminated transmission line.! 

Dividing Eq. (5) by P» we obtain 


P'/P o=cosh (ad)+[Z sinh (ad) ]/Zo, 
Vo/Po=Zo, the 


sound in air. 
The transmission coefficient is given by 
T = | P,/P’ |?=|1/{cosh (ad) 
+[Z sinh (ad) ]/Zo}\*. (6) 


since radiation resistance of 


The transmission loss, expressed in decibels, is 
je = = 10 log 10 (1 T). 


The problem resolves itself now into an analysis 
of the transmission of the sound through the 
material. Obviously, when the material is highly 





1 See, for instance, W. L. Everitt, Communication En- 
gineering (McGraw-Hill Book Company, Inc.), p. 114, 
Eq. (18). 








por 
the 
dire 
for 

by 

mis 
vib 
acc 
the 
be 

trat 
the 


fact 
Zi, 

has 
twe 


the 


pro 
alo 
for 


mu 
ind 
anc 
Fig 
giv 


alo 
is 


thi 


spc 


anda 


the 


we 


its of 
vely, 


ges, 


the 


(4) 


ting 


(3) 


yeen 
Ove 


qua- 
2! 


» of 


(6) 


s, is 


SOUND 


porous, most of the sound is transmitted through 
the channels in the material. This may be termed 
direct passage, and the transmission coefficient 
for this mode of transmission may be designated 
by Ti. In the second principal mode of trans- 
mission the air waves set the partition into 
vibration. When this occurs, transmission is 
accomplished by a change of form of the material ; 
the corresponding transmission coefficient may 
be designated by 7». Patently, in many cases 
transmission will occur in both ways. We may 


then write 
T=T7,4+T>. 


In calculating 7; we have to consider two 
factors—the acoustic impedance of the material 
Z;, and the propagation constant a;. The writer 
has elsewhere given a detailed derivation of these 
two factors,? but for the sake of completeness 
they will be redeveloped briefly. 

Consider the equations dealing with the 
propagation of electric potential and current 
along a conductor of infinite length, as derived, 
for instance, by J. A. Fleming.’ 

If E and J represent, respectively, the maxi- 
mum value of the potential and current; L, the 
inductance; 7, the resistance; C, the capacity, 
and x any distance along the circuit as shown in 
Fig. 1, the equations connecting E and J are 
given by 

—dE/dx=(r+iwL)I, (7) 


—dI/dx=wCE. (8) 


Eq. (8), here, neglects the leakage conductance 
along the circuit, as for the acoustical analog this 
is not important. 

Fleming also derives the line impedance for 
this circuit, which is given by 


Z' =(r+iwL)!/(iwC)!. (9) 
For the acoustic case we have the corre- 
sponding equations 
—dP/dx=(R+iwm)V;, (10) 
—OV;/dx=iw/xop,! (11) 


Z,=Z (1—iR/wmy)'/P,, (12) 


2M. Rettinger, J. Acous. Soc. Am. 8, 53 (1936). 

*J.A. Fleming, The Principles of Electric Wave Telegraphy 
— (Longmans Green & Co., London, 1919), 
p. 265. 

* corresponds to 1/xop in the acoustic case, where Xo is 
the ratio of the specific heats and p is the mean atmospheric 
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where R represents the flow-resistance;> V;, the 
particle velocity inside the material; mo, the 
density of air; P,, the porosity,® and where 7, as 
usual, stands for (—1)}. 

The propagation constant for the electric 
circuit under consideration is given by 


a;=a,+7f; 
= (r+iwL)*(iw/C)} 
= (R+iwmy)'(iw/c?mo)' (acoustical case) 
=tk(1—in)! (if R=w/c; n=R/wmo; 
c= 34,400 cm/sec.). 


By squaring 
ay? + 21a;8; —B Y= —k?+ kin, 
from which 


a@,=attenuation constant 


=k $43 (1+n%)'], (13) 
6,=wave-length constant 
=kn/2[ —3+43(1+n?)!}}. (14) 


To evaluate 7, directly in 
T,=|1/{cosh (ai\d)+[Z; sinh (aid)/Zo]} |? (15) 


by introducing the derived values of Z, and a; isa 
laborious process. Inspecting Eq. (10), however, 
we learn that if we consider only values of R 
larger than 50 ohms and frequencies below 2000 
cycles per second, that equation reduces to 


—aP/ax=RV;. 


Hence for that condition our equation for the 
impedance becomes 


Z' =¢?(Rmo/iw)'/P > 


=c¢(1—7)(Rmo/2w)!/P>». (16) 


pressure. See, for instance, F. Olson and F. Massa, A pplied 
Acoustics (P. Blakiston’s Son & Co., Philadelphia, 1934), 
p. 20. 

5M. Rettinger, J. Acous. Soc. Am. 6, 188 (1935). The 
units associated with the factor flow-resistance are g/(cm? 
sec.), to which the term ohm has been applied. It is seen 
that it represents specific flow-resistance, or flow-resistance 
per unit thickness of the material. Fundamentally the flow- 
resistance is defined by —grad(p)=RVi, where grad(p) 
represents the pressure gradient, it being assumed that its 
value is observed only as long as a laminar flow exists 
through the material. The fundamental definition of 
porosity is given by P,;=V./V:i, where V, represents the 
particle velocity of the air outside, and V;, that of the air 
inside of the material. Porosity may roughly be defined as 
the volume of air in the material divided by the total 
volume of the material. 
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Likewise the propagation constant becomes 


a= (1Rw cmp) 3 


= (1 +1) (Rw / 2c?mo) - 


So that a:=8,=(Rw/2c?mo)?. (17) 

The calculations may be still further simplified 
by inspecting Eq. (17). For typical values of R 
and w, say R=50 ohms and w=12,560 (f= 2000 
cycles), a; and @; are of the order of (3)!}—hence 
are small. Eq. (15), therefore, reduces to 


T,= |1, [Zi sinh (a;d)/Zo ||?. (18) 


Figs. 2, 3, shows the variation of transmission 
loss with frequency for R=50 ohms and R=100 
ohms. 

For the evaluation of T2(P,=0), we have like- 
wise to determine the factors of acoustic imped- 
ance Ze, and propagation constant de. Let mo be 
the density of the material and co, the velocity of 
sound in the material. Then 


. e 
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S=twLh =iwmy, 

W =10wC = tw / moc’, 
22°=S/W=m_'co, 
Z2=MoCo, 
a= SW= —w Ce; 

ag= 10), Co. 
When d is small, cosh (aed) becomes 1. Then 
T= ‘{1+[Ze sinh (dod) ] Zo} | |? 

/{14+Z2(aed)/Zo} |? 
/(14+-S3S!*W'd/W'Z, |\? 
/(1+Sd/Zo ||? 

(1+awmod/Zo) |? 
=1/[1+ (wmod/Zo)?). 





Let H=1/T2, H being the reciprocal of the 
transmission coefficient called the 
bility. Then 


transmissi- 


IT=1+ (wmod/Z»)?. 


Let mod = M, where M is the mass per square 
centimeter. 


H=1+(wM/Z>)?. 
The transmission loss is given by 


T.L.=10 log (77) 
= 10 log [1+ (wM/Z»)*] 
= 10 log [(Z.?+w?M?)/Z,? ] 
= 10 log (Z?+w?M?) —10 log (Z,?) 
=10 log (Ze2+u2M2) —32 
= 20 log (wM)—32. (If M>.01 g/cm’) 
= 20 log (M) +20 log (w) — 32. 


Fig. 4 shows the variation of transmission loss 
with frequency when M=1 g/cm’. 


Transmission Loss —db 


: 
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Hence the variations of transmission loss for 
different frequencies are the following: 


(T.L.) 123 = 20 log (MM) + 26, 
(T.L.)o56= 20 log (M)+32, 
(T.L.)512= 20 log (/) +38, 
(T.L.) 1023 = 20 log (7) +44, 
(T.L.)2013= 20 log (MW) +50. 


Fa S12 ~7sec. 


Transmission Less - db 


Fig. 5 shows the variation of transmission loss r - ; . 
with M for a frequency of 512 cycles per second. Moss per square centimeter 
It must again be stated that the above calcula- 


tions apply only when d is small, so that sinh (a2d) 
equals dod. 
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Positions of Stimulation in the Cochlea by Pure Tones 


JouN C. STEINBERG, Bell Telephone Laboratories, New York City 
(Received August 17, 1936) 


The relation between tone frequency and position of 
stimulation on the basilar membrane has been calculated 
from data on differential pitch sensitivity. The calculations 
involve assumptions concerning the choice of the upper 
and lower pitch limits of hearing and the choice of tone 
levels which should be used in obtaining differential pitch 
sensitivity data. It is shown that for quite different 
assumptions the positions of stimulation for tones in the 
range from 500 to 10,000 cycles are not greatly affected. 
Outside this range the positions depend on the assumptions. 


INTRODUCTION 


INCE the time it was first believed that the 

cochlea tends to resolve a sound wave by 
forming a space pattern on the basilar membrane, 
attempts have been made to determine the 
positions where pure tones of different frequency 
produce their stimulation. The early methods 
involved a study of the histologic changes that 
occurred in the cochlea of experimental animals 
subjected to either very prolonged or very intense 
stimulation with pure tones. Although such 
studies showed that low tones stimulate near the 
apex while high tones stimulate near the base, 
the extent and character of the degeneration was 
such as to make the exact locations of the posi- 
tions of stimulation very difficult. 

More recently, three methods have been used 
which employ markedly different procedures. 
One method, described in 1924 by Wegel and 
Lane makes use of the just perceptible in- 
crements in frequency.'! Another method, which 
has been in progress at the Johns Hopkins 
Hospital for past several years’ is the post- 
mortem study of cochlea on which hearing tests 
were made a short time before death. The third 
involves the measurement of the electric re- 
sponse from different parts of the cochlea when 
stimulated by pure tones of different frequency. 


1R. L. Wegel and C. E. Lane, “Auditory Masking and 
Dynamics of the Inner Ear,’’ Phys. Rev. 23, 266 (1924). 
See also H. Fletcher, Speech aud Hearing. 

2S. J. Crowe, S. R. Guild and L. M. Polvogt, ‘“‘Observa- 
tions on the Pathology of High-Tone Deafness,” Bulletin 
Johns Hopkins Hospital, May (1934). See also, Symposium, 
“Tone Localization in the Cochlea,’”’ Annals of Oto. Rhin. 
and Laryn., Sept. (1935). 
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The calculated positions for tones of 1000, 2000 and 4009 


cycles fall, respectively, at points on the membrane about 


3, 2 and § of its length away from the helicotrema. The 


calculated positions are compared with positions obtained 
from post-mortem studies of human cochlea and with 
positions obtained from electric response measurements on 
the cochlea of anesthetized guinea pigs. The differences 
between various methods for the most part are no larger 
than calculated differences between observers. 


It, of course, is applicable to anesthetized animals 
only, but in the case of the guinea pig has 
yielded direct information on the position of the 
stimulation. This animal is particularly suitable 
to work with because the cochlea projects out 
from the petrous bone and may be readily ex- 
posed by opening the bulla. 

In one method reported by Culler,? a series of 
electrodes were attached at different points along 
the cochlea from base to apex. When the ear 
was stimulated with high pitched tones the 
electrode near the base produced a greater 
response than those near the apex. The reverse 
was true for low pitched tones. By noting the 
positions of the electrodes giving maximum 
response for different tones, a relation between 
position of stimulation and tone frequency was 
obtained. A somewhat different method has 
been reported by Davis and associates.’ The ex- 
posed cochlea of anesthetized guinea pigs were 
damaged at different points by drilling through 
the wall and destroying the organ of Corti. 
A relation between tone frequency and position 
of stimulation was obtained by determining for a 
given position of damage, the frequency which 
gave an electric response below normal. 

The results of an extensive post-mortem study 
of human cochlea are given in a recent report 
from the Otological Research Laboratory of the 
Johns Hopkins University. Cases were found 
which showed complete atrophy of the organ of 
Corti and the peripheral nerve fibers over a 

’Stevens, Davis and Lurie, ‘Localization of Pitch 


Perception on the Basilar Membrane,” J. Gen. Psych., 
Oct. (1935). 
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portion of the basilar membrane which began 
at the base of the cochlea and ended abruptly 
some millimeters away in the direction of the 
apex. The audiograms for these cases showed 
abrupt high tone losses. By comparing the fre- 
quency of the last tone to be heard with the 
position where atrophy began, direct information 
on the relation between tone frequency and 
position of stimulation was obtained. Unfortu- 
nately, only cases involving abrupt tone Josses 
above 1000 cycles were found. It is doubtful if 
the method is suitable for securing satisfactory 
data on low tone (below 1000 cycles) stimulation 
because of the rarity of cases where atrophy 
occurs at the apex only and because of the sub- 
jective harmonics produced when the ear is 
stimulated by low tones. 

In the method employed by Wegel and Lane, 
the total number of just perceptible increments in 
going from the lowest to the highest frequency 
tone that can be sensed, was calculated from 
data reported by Knudsen‘ on the just per- 
ceptible increments of frequency. It was then 
assumed that each just perceptible increment of 
frequency changed the position of maximum 
stimulation a constant element of length, namely, 
the total length of the membrane divided by the 
total number of just perceptible increments. 
The position of stimulation for a pure tone of 
given frequency was obtained by integrating the 
elements of length between the tone of given 
frequency and the tone of the highest or lowest 
frequency that could be heard. 

The method involves assumptions concerning 
the choice of the upper and lower frequency 
limits of hearing and the choice of the tone 
levels to be used in determining the number of 
just perceptible increments between any two 
frequency limits. In the form used by Wegel and 
Lane, the further assumption was made that the 
nerve fibers are distributed uniformly along 
the basilar membrane. Recent work by Guild, 
Crowe, Bunch and Polvogt® indicates that the 
nerve fibers are most dense in the middle of 
the membrane and become less dense as the base 
and apex are approached. 





*V. O. Knudsen, “Sensibility of the Ear to Small 
Differences of Intensity and Frequency,” Phys. Rev. 21, 
84 (1923). 

*Guild, Crowe, Bunch and Polvogt, ‘Density of 
Innervation of the Organ of Corti,” Acta Oto-Lary. (1931). 
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The purpose in this paper is to study the 
effects of making different assumptions and to 
take account of the nonuniformity of nerve 
density on the basilar membrane. The calcula- 
tions are made using the more recent data on 
the just perceptible increments of frequency 
reported by Shower and Biddulph,*® and the 
results are compared with the data from the post- 
mortem and electric response methods. 


DENSITY OF INNERVATION 


Anatomical studies of the auditory nerve and 
the organ of Corti indicate that the individual 
nerve fibers of the auditory nerve bundle, upon 
entering the inner ear, terminate in the spiral 
ganglion, there being one ganglion cell for each 
nerve fiber entering from the brain.’ The ganglion 
extends along the length of the spiral lamina, 
the bony ledge projecting from the modiolus into 
the cochlea. One edge of the basilar membrane 
is attached to the spiral ledge. One nerve fiber 
emerges from each ganglion cell and proceeds to 
near by hair cells. It appears that small groups 
of inner hair cells are interconnected with small 
groups of near by ganglion cells. The connections 
to the outer hair cells are less sharply localized ; 
a small group of ganglion cells may be inter- 
connected with outer hair cells as far as } cochlear 
turn away. It is believed that the outer hair 
cells in a given area of the basilar membrane are 
preponderantly connected to ganglion cells in an 
adjacent area of the spiral ganglion, and that a 
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6 Shower and Biddulph, ‘‘Differential Pitch Sensitivity,” 
J. Acous. Soc. Am. 3, 275 (1931). 

7R. Lorente de No, “Reflex Contractions of Middle 
Ear Muscles,’’ Trans. Am. Laryn, Rhin. and Oto. Soc. 
(1933). 
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determination of the density of ganglion cells 
along the length of the spiral ganglion will be an 
approximate measure of the density of innerva- 
tion along the basilar membrane. 

The data reported by Guild and associates 
were based upon an actual count of the ganglion 
cells appearing in successive cross sections of the 
cochlea and were in the form of the average 
number of ganglion cells per mm shown by the 
dashed lines in Fig. 1. The solid curve was 
drawn such that the area under it was equal to 
the area under the dashed curve. The count was 
made on ten ears of young adults with good 
hearing. Individual variations are rather large, 
the maximum departure of one individual from 
the average was more than 30 percent. The 
relative density, taking the region of maximum 
innervation as unity is shown also in Fig. 1. 


Just PERCEPTIBLE INCREMENTS OF FREQUENCY 


It is well known that a change of a definite 
amount must be made in the frequency of a 
tone before the change can be sensed. If a par- 
ticular pitch is sensed because a particular set of 
cells or nerve fibers is stimulated one would 
expect that the increment by which frequency 
must be changed to be noticeable would be a 
measure of the just detectable change in position 
of stimulation. If this is assumed, the relation 
between tone frequency and position of stimula- 
tion may be calculated from data on just per- 
ceptible increments of frequency. To do this, 
it is necessary to determine the total number of 
just detectable increments of frequency between 
a lower frequency limit which is assumed to 


STEINBERG 


produce its maximum stimulation at the helj- 
cotrema and an upper frequency limit which js 
assumed to produce its maximum stimulation at 
the oval window. It is then assumed that the 
position of the maximum stimulation when 
shifted one detectable increment traverses a 
length of the basilar membrane such that a 
constant number of ganglion cells are traversed. 
This constant number is the total number of 
ganglion cells between the oval window and the 
helicotrema divided by the total number of just 
detectable increments of frequency. The position 
of stimulation for a tone of given frequency may 
be obtained by integrating the number of 
ganglion cells traversed in going from the 
assumed lower frequency limit to the given 
frequency. 

The increment by which the frequency of a 
tone must be changed in order that the change 
be perceptible depends upon both the frequency 
and the level of the tone. Thus the number of 
just perceptible increments in going from one 
frequency to another depends upon whether a 
path of constant intensity level, or constant 
loudness level or constant level above threshold 
is followed. Fig. 2 shows the effects on the calcu- 
lated positions, of following different level con- 
tours. The short vertical lines give the calculated 
positions in mm from the helicotrema for pure 
tones of different frequency. The level path 
followed is indicated at the right of the figure, 
by the following abbreviations: L.L. for loudness 
level, Th.L. for level above threshold and LL. 
for intensity level. The calculated positions are 
not affected greatly by the level path except for 
the 30 db intensity level path. At this and lower 
intensity levels the positions of the limiting 
frequencies are affected because the frequency 
range through which the ear can hear diminishes 
with decreasing intensity level. 

In making the above calculations, the upper 
and lower limits of hearing were taken as 16 and 
23,000 cycles and it was assumed that these 
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tones produce maximum stimulation at the 
helicotrema and the oval window, respectively. 
The total number of just perceptible steps de- 
pends upon the choice of frequency limits corre- 
sponding to the ends of the basilar membrane. 
The effect on the calculated positions of changing 
the frequency limits is shown in Fig. 3. When 
the lower limit was changed from 16 to 125 
cycles and the upper limit from 23,000 to 
11,700 cycles, the positions of tones in the range 
from 250 to 8000 cycles were not changed sig- 
nificantly. The choice of limits affects primarily 
the positions of the limiting frequencies and 
makes only small differences in the positions of 
the intermediate frequencies. 

For determining the final relationship between 
tone frequency and position of stimulation, the 
60 db loudness level contour was chosen as the 
level path and frequency limits of 125 and 
23,000 cycles. It seemed that a loudness level 
contour was the most logical choice of level path. 
The 60 db contour was chosen because it is in 
the middle of the intensity range. The choice of 
frequency limits, i.e., the tones producing 
maximum stimulation at the helicotrema and 
oval window, was governed somewhat by data 
on the masking effects of very low and very 
high frequency tones. Fig. 4 shows such data for 
low frequency tones of 75, 125 and 250 cycles 
and high frequency tones of 10,000 and 15,000 
cycles as masking tones. The levels above 
threshold of the masking tones are indicated by 
the vertical lines. The curves corresponding to 
each vertical line show the masking or threshold 
shift of various tones when heard in the presence 
of the masking tone. The masking produced by 
the 200-cycle tone shows a distinct maximum 
near 200 cycles and falls off for higher and lower 
tones. The masking curves for the 125- and 75- 
cycle tones do not show distinct maxima. The 
masking is about constant for all tones below 
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the masking frequencies. This is taken to indicate 
that the position of maximum stimulation for 
such tones is at the end of the basilar membrane. 
Similar tests made with tones as high as 15,000 
cycles show distinct maxima. It is concluded 
that the position of maximum stimulation for 
such tones has not reached the end of the mem- 
brane. A tone of 23,000 cycles, which is about 
the upper hearing limit for young adults, was 
chosen as the upper limit for calculating positions 
of stimulation. 

The final calculated positions are shown in 
Fig. 5 by the top row of vertical lines. These 
calculations are based on the average values of 
just perceptible frequency increments obtained 
on the ten ears of five observers. The next two 
lower rows show the calculated positions for 
those two observers having the greatest de- 
partures from the average. In the case of the 
2000-cycle tone, the calculated positions for 
these two observers differ by more than 3 mm. 
The remaining rows show for comparison, the 
positions obtained from electric response and 
post-mortem methods. The agreement seems 
remarkedly good. For the most part, the differ- 
ences between the various methods are no larger 
than the differences between the two observers. 

On the average, a tone of 2000 cycles appears 
to stimulate maximally near the middle of the 
membrane. Tones of 1000 and 4000 cycles 
stimulate, respectively, at positions on the mem- 
brane about 3} and 2 of its length away from the 
helicotrema. 

The above positions differ from those calcu- 
lated by Wegel and Lane several years ago." 
Their calculations gave the position of stimula- 
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tion for a 1000-cycle tone at the middle of the 
membrane with corresponding shift for tones of 
other frequencies. The differences are due in part 
to taking account in the present calculations, of 
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the density of innervation of the membrane and 
in part to differences between the low frequency 
tone data on differential sensitivity reported by 
Knudsen and that reported later by Shower and 
Biddulph. The latter data are believed to be 
more characteristic for low frequency tones 
because sinusoidal instead of abrupt transitions 
in frequency were used. 

The relation between tone frequency and 
position of stimulation is shown in graphical 
form in Fig. 6. The tone frequency is shown by 
the y axis, the position of maximal stimulation 
by the x axis. In the range from 400 to 10,000 
cycles the position is linear with the logarithm of 
frequency. It is believed that this relation may be 
viewed with some confidence. As previously 
noted it holds for a wide range of assumed 
conditions and is in fair agreement with post- 
mortem and electric response data. The positions 
for tones below 400 and above 10,000 cycles are 
more markedly affected by the assumptions 
made in calculation. The positions shown are 
based on assumptions which seem consistent 
with available information. 
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Developments in Aircraft Sound Control* 


HENRY H. BRUDERLIN, Sound Engineer, Douglas Aircraft Co., Santa Monica, Cali fornia 


(Received September 26, 1936) 


EVELOPMENT of aircraft is proceeding 

with great rapidity. It is common practice 
to equip commercial airplanes with automatic 
pilots, which can react to bumps and side gusts as 
rapidly as can a human pilot. Devices are being 
perfected which will enable them to proceed with 
safety even under most severe weather condi- 
tions. Newer commercial aircraft are being made 
more roomy, given more luxurious appoint- 
ments, and generally transformed into the deluxe 
accommodations they should be. 

Noise and vibration have long been the chief 
source of discomfort, and their reduction is the 
greatest single advance that has been made in 
passenger comfort. The decrease in air sickness 
from almost 60 percent in one of the older models 
to less than 5 percent in the Douglas DC-2 
transport is due almost entirely to the lower 
noise and vibration in the DC-2. But in this ship 
we have made only a good beginning. 

It is well known that noise sounds louder to the 
ear when it is accompanied by physical vibration, 
and that vibration is more annoying in the 
presence of noise. While passengers usually 
accept noise in commercial aircraft as inevitable, 
many of them have commented upon the dis- 
turbing quality of the vibration through the 
floor, chairs, and side walls of the cabin. It is 
highly desirable from the passenger’s standpoint 
to reduce both the noise and vibration to such an 
extent that neither by its presence causes the 
other to be more perceptible. In attempting to do 
this we run into a number of problems and 
restrictions in the control of sound. 

In very noisy airplanes, for example, the 
annoyance capacity of the passengers was 
saturated to such an extent that beats between 
the engines could not add greatly to their dis- 
comfort. In the later and more quiet ships, the 
annoyance level of these beats may be above that 
of the average noise. It is no longer sufficient to 
have merely a low average noise level in the 
cabin; all passenger seat and berth positions 





*p 


resented at the meeting of the Acoustical Society of 
America, Chicago, May 4, 1936. 


181 


should have approximately the same noise level, 
so that there will be no pronounced favorites 
among the available seats. Dressing rooms and 
lavatories must be as quiet and comfortable and 
free from vibration as is the salon or passenger 
cabin; otherwise a slight case of air sickness will 
be accentuated. The stewardess or porter must 
be given the same sort of accommodations, 
because if they are to give the best service they 
must be physically capable of doing so. 

So complicated has become the work of oper- 
ating the new aircraft that pilots and navigators 
must have the fewest possible distractions and 
annoyances, and must be able to communicate 
easily and rapidly. The chief pilot of American 
Airlines says that pilots in the older, noisier 
airplanes returned from the day’s run completely 
fatigued on account of the excessive noise and 
vibration, while those on the newer transports 
leave their work in fairly fresh condition. He 
maintains, and rightly so, that there is still con- 
siderable necessity for improvement. For the 
pilot and co-pilot to converse, it is still necessary 
to strain the voice to a certain extent. Radio 
communication is not as efficient as it would be if 
the operator were in a less noisy environment. 
The solution is to duplicate, as far as is practical, 
the passengers’ own comfort conditions. The 
cockpit must be fairly quiet, and in all cases free 
from annoying rattles. This point is mentioned 
particularly because of trouble it has caused in 
the past. In one airplane, for example, rattling of 
a door latch caused the pilots great annoyance 
and proved rather difficult to cure. 

The nominal value of excess weight in an air- 
plane of the DC-2 type is $10 per pound, but 
excess poundage is worth considerably more than 
that to the air lines. With the cost of air express 
at 0.03¢ per pound mile, we may take 45 percent 
of this, or a value of 0.0135¢ as the actual cost to 
the air lines for excess weight, since they operate 
at capacity only 45 percent of the time. Accord- 
ing to these figures, which were approved by air 
line officials, in a year comprising 350 eight-hour 
days, the net average cost per pound to the air 
lines is $65, or $325 in the 5-year life of the plane. 
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Weight is therefore one of the controlling factors 
in any system of airplane quieting. 

With between 100 and 400 pounds of sound- 
proofing materials in one airplane, moisture ab- 
sorption becomes an important item. Operators 
tell us that on runs through the desert climates 
between the west coast and Albuquerque, there 
is no apparent weight increase due to absorption, 
but when operating near the Great Lakes and in 
other districts of damper climate, the increase 
is appreciable. 

Another major problem is the adjustment of 
soundproofing methods and materials to provide 
maximum heat insulation. With an atmospheric 
temperature of minus 40 degrees Fahrenheit and 
an air speed of 200 miles per hour, it should be 
possible to maintain a temperature of 70 degrees 
inside the cabin. Naturally, it is desirable that the 
soundproofing should aid as much as possible in 
accomplishing this, in order that little additional 
weight be required for heat insulation. 

Finally, the soundproofing should not be 
expensive to install, and must require no main- 
tenance or replacement. Theory and methods 
must be adapted to good shop practice, and 


<Mmaterials used must not deteriorate or settle. 
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Some airplanes, as some buildings, cannot be 
made acoustically correct. Acoustic planning of 
buildings, in order to guarantee favorable re- 
sults, must go hand in hand with structural 
planning. This is just as true of aircraft. 

Economic laws tell us that if a certain type of 
airplane is preferred by the public, there will be a 
greater demand for that type from the manu- 
facturer. Other conditions being equal, the 
quietest will carry a full load of passengers more 
often than the others. If two airplanes are identi- 
cal, except for noise and vibration, the more 
comfortable one must sell more rapidly than the 
other. However, up to the present time, the chief 
concern of the manufacturer has been to produce 
an airplane which would out-perform those of 
his competitors. Comfort conditions were ar- 
ranged for only after the mechanical and struc- 
tural design had been finished. In no case that we 
know of in this country has there been any 
specific technical planning and designing for eli- 
mination of vibration and noise until after the 
basic plans were complete. Frequently this ar- 
rangement did not give satisfactory results. 
There are a number of cases in which failure to 
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include sound control measures in the basic 
design resulted in an incurably noisy airplane, 
and consequently, shertened its production life 
considerably. 

Manufacturers can no longer afford to take 
chances of this sort. All aircraft engineers know 
that measures that have proved satisfactory on 
one type of plane may be entirely unsatisfactory 
on a slightly different type, and that small 
changes in a design may have unexpected and 
far reaching results. They have been likely, 
however, to forget that noise and vibration are 
also affected. Overcoming this danger is a matter 
of general education and cooperation. 

If a manufacturer sets out to build an airplane 
that is to sell for fifty or a hundred thcusand 
dollars, the cost of the first one of the series may 
be four or five times this figure. In order to get 
his original investment out of the project and 
make a profit, he must sell a certain number of 
planes. He cannot afford, therefore, to ignore the 
possibility that such secondary conditions as 
noise and vibration might, if incorrectly handled, 
cause his total sales to fall short. This is partic- 
ularly true at a time when rapid progress is being 
made, for as model after model is produced, the 
selling period of each type is already too short. 
Also it must be realized that when a new com- 
mercial aircraft project is begun, it will be a year 
or more between the completion of the basic 
design and the placing of the first few ships into 
service, and in the meantime progress will be 
made by competitive manufacturers. 

It is for this reason that the Douglas Aircraft 
Company assigns a section of its engineering 
department exclusively to sound control. The 
function of this section is to plan with the de- 
signers and project engineers to gain most free- 
dom from noise and vibration with least weight 
and greatest simplicity of design. It is also a most 
important work of this section to maintain 
constant vigilance over detail designers and shop 
men in execution of the design in order to avoid 
oversight and misunderstanding of the principles 
involved. 

But in view of the constantly increasing size 
of the investment involved in newer aircraft, and 
the store of information we have acquired from 
older models, it no longer suffices merely to pro- 
vide structural conditions which will promote 
passenger comfort. Given the design specifica- 
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tions and soundproofing weight allowance, we 
should be able to state more or less precisely the 
noise levels that will exist in various occupied 
sections of the airplane. We have gone a step 
farther. 

The increase of insulation value with weight 
for any system of sound insulation is governed by 
the law of diminishing returns. Changing the 
normal airplane design to provide greater noise 
reduction, such as moving the motors away-from 
the fuselage, installing exhaust mufflers and 
increasing the rigidity of the structure, also 
involves an increase in weight. The most eco- 
nomical procedure is to balance properly these 
two factors so that, for a specified noise reduc- 
tion, the sum of the structural weight increase 
and the weight of the soundproofing materials is 
a minimum. The simplest way of determining 
this point is by trial and error calculation of 
several sets of possible conditions. 

Knowing the maximum noise levels allowable 
on a new model, we first assume a reasonable 
soundproofing weight allowance, which will vary 
according to the number of passengers, the 
extent of soundproofing, and the gross weight of 
the airplane. We may determine the insulation 
value of the soundproofing and lining we will 
have by direct measurement of a sample panel. 
Comparison of this value with that of a sample 
panel from an existing airplane of similar type 
shows how much change there will be in the noise 
level as a result of the change in soundproofing. 
We then compare the noise levels on the old ship 
with those required on the new, to determine the 
total change necessary. The algebraic sum of 
these two values is the additional change in noise 
level that must be obtained by proper design of 
structural features. Variable design features that 
may influence the noise are adjusted within 
required limits to accomplish this change, and 
the resulting increase in structural weight is 
calculated and added to the soundproofing 
weight allowance. This procedure is repeated for 
three or more assumed soundproofing material 
weights. 

Let us examine the application of the foregoing 
principles and requirements to the newest, 
largest, and most luxurious land plane yet to be 
built. Planned for delivery within six months, it 
is to carry forty passengers and a crew of five in 
greater freedom and comfort than can be enjoyed 
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on any of the modern trains. It will have a com- 
pletely equipped galley and two large dressing 
rooms, sleeping compartments, ample room for 
passengers’ luggage and overcoats, and large 
cargo space for mail and baggage. It will carry 
the most complete radio equipment, and the 
latest control and safety devices. This giant ship, 
which has been designated the DC-4, will be 
powered by four 1000 h.p. motors, will have a 
wing spread of 138 feet and a length of 95.5 feet, 
and will represent a tremendous investment. It 
is no wonder that the utmost precautions were 
taken at the very start of the design to consider 
everything that might have a possible bearing on 
passenger comfort. This airplane, as no other 
before, has been designed throughout for the 
utmost freedom from noise and vibration, such 
measures having been made doubly necessary by 
the stringent requirements placed on sound levels 
by the air lines. 

We had previously determined that the curved 
sections of the DC-2 fuselage walls transmit the 
lower frequencies much less readily than do the 
flat sections. Tests were made to determine the 
effect of curvature on the transmission character- 
istics of this type of structure. It was found that 
curving the side walls to a 50-inch radius de- 
creased the transmission 6 decibels at 50 cycles 
over a flat side of the same type. Curving to a 
100-inch radius decreased the transmission 24 
decibels over a flat side. Accordingly, since it 
happened also to improve the airplane aero- 
dynamically, the sides of the ship were curved 
to the smallest radius consistent with best 
utilization of interior space, which was about 85 
inches. For aerodynamic reasons, the windows 
were also curved. This measure gives us at the 
start an advantage of approximately 33 decibels 
in the lower frequency range with very slight 
cost in weight. 

In order to guard against absorption of a large 
quantity of water in the soundproofing materials, 
it was deemed advisable to make the skin of the 
DC-4 fuselage waterproof by filling the riveted 
joints with a special compound. The cause of the 
large moisture absorption in the soundproofing 
materials in older models has been traced to 
seepage through these joints. Soundproofing ma- 
terials used have a moisture absorption coefh- 
cient of less than 2 percent. 

Heat loss through the fuselage walls in the 
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average ship occurs primarily through the win- 
dows and, in less measure, through the metal 
frames that extend between the inner and outer 
wall surfaces. To minimize the loss through the 
windows, double panes are required. A window 
was designed with panes spaced for balance 
between heat and sound insulation. To reduce the 
loss through the frames the cabin is completely 
lined with a thin layer of material having a 
particularly low heat transfer coefficient, and this 
layer is installed in such a way as to replace and 
do the work of part of the contemplated sound- 
proofing material. 

The most important noise sources in the newer 
airplanes are the propeller and the exhaust. In an 
efficient system of soundproofing, these sources 
should be responsible for an equal amount of 
noise inside the cabin under normal cruising 
conditions. In the DC-4, special measures, which 
we are not yet at liberty to discuss, are being 
taken to lower exhaust noise. This is particularly 
noteworthy, in that it will be responsible for a 
considerable reduction in noise heard from the 
ground as well as within the airplane. 

Propeller diameter, pitch, and rotational ve- 
locity are of course chosen according to the power 
of the motor and desired operating character- 
istics of the ship. However, they are variables to 
the extent that we may decrease the velocity of 
rotation for any given power at about the same 
operating efficiency, thereby decreasing the noise 
from this source by increasing the diameter or 
pitch within certain limits. 

Clearance between the propeller tip and the 
side of the fuselage is important since, as this is 
decreased, the noise inside the ship increases 
more rapidly than will be indicated by the inverse 
square law. We have reason to believe that for a 
clearance of from 8 to 12 inches, the noise is 
approximately inversely proportional to the 2.5 
power of the clearance. On the other hand, the 
upper limit of propeller clearance is determined 
by the increase in torque due to off-balance 
thrust in single engine operation as the engines 
are moved farther outboard. 

In the DC-4, these factors, with those already 
discussed, determined that best balance would 
be obtained with a 3-bladed, 14-ft. propeller, 
having a fuselage clearance of 12 inches, but that 
a difference of only 3 decibel would be noted if 
this were replaced by a 13}-ft. propeller at the 
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same position, giving a fuselage clearance of 15 
inches. 

Beats between engines may cause a noise level 
variation of as much as 10 decibels. Their dis. 
turbance is highest when they occur between one 
and six times a second, but they are not partic- 
ularly noticeable when they occur less often than 
once in four seconds. Synchronization controls 
and indicators are now installed on new ships 
to keep the period below this value. Certain pro- 
peller reduction gear ratios also give rise to beats. 
and should be avoided on ships with moderately 
low noise level. A ratio of 11 to 16 gives, for 
example, at 1800 r.p.m. about 2 beats per second, 
the difference between the propeller fundamental 
and the crankshaft second harmonic. 

A third important source of noise is air 
turbulence. This is not serious in modern ships 
with clean lines if care is taken to seal all doors 
and windows tightly, to avoid projections on the 
outer surface of the fuselage, and to properly 
design the ventilating system. 

Much noise and vibration may be transmitted 
to the structure of an airplane by the motors 
through improperly designed mounting devices. 
Engines in the DC-4 will be mounted on a new 
tangential type of rubber support located near 
their centers of gravity. All controls and conduits, 
including steam and exhaust lines, will be flexible 
between the nacelles and the motors. 

In no case are floors in the DC-4 used as 
structural members as they were in older models. 
Floors throughout the passengers’ compartment 
will be shock-mounted and isolated from the 
fuselage structure to reduce vibration trans- 
mitted to the passengers’ feet. Vibration in the 
seats, partitions, and berths will be minimized by 
the use of rubber isolation mountings at the 
points of support. 

Through the measures outlined here we expect 
an average noise level of less than 63 decibels 
above one millibar in the passengers’ cabin under 
normal cruising conditions at 65 percent power, 
with a very moderate soundproofing weight 
allowance. It is probable that minor adjust- 
ments will be necessary, but the major part of 
the work has been done with the early design, 
when there was plenty of time for it, rather than 
with the rush that will always attend the delivery 
of new models and has generally attended the 
soundproofing. 
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A Scale for the Measurement of the Psychological Magnitude Pitch* 


S. S. STEVENS AND J. VOLKMANN, Harvard University, Cambridge, Massachusetts 


and 


E. B. NEWMAN, Swarthmore College, Swarthmore, Pennsylvania 
(Received August 4, 1936) 


A subjective scale for the measurement of pitch was 
constructed from determinations of the half-value of 
pitches at various frequencies. This scale differs from both 
the musical scale and the frequency scale, neither of which 
is subjective. Five observers fractionated tones of 10 
different frequencies at a loudness level of 60 db. From 
these fractionations a numerical scale was constructed 
which is proportional to the perceived magnitude of 
subjective pitch. In numbering the scale the 1000-cycle 
tone was assigned the pitch of 1000 subjective units (mels). 
The close agreement of the pitch scale with an integration 
of the differential thresholds (DL’s) shows that, unlike 
the DL’s for loudness, all DL’s for pitch are of uniform 
subjective magnitude. The agreement further implies that 


WO different concepts of pitch have com- 

monly been held. To the musician pitch has 
meant the aspect of tones in terms of which he 
arranges them on a musical scale. The musical 
scale divides the range of audible frequencies 
into octaves, which in turn are divided into 
tones, semi-tones, etc. Then, musically speaking, 
two semi-tones in different parts of the audible 
range are considered as equal intervals of pitch. 
Perceptually, however, these two semi-tones may 
represent unequal intervals of pitch. 

To the physicist, on the other hand, pitch has 
generally meant frequency. “Pitch is specified 
scientifically by the period or frequency of 
vibration.’"! The error of this conception has been 
recently demonstrated by experiments which 
show that it is possible to alter the pitch of a tone 
without changing its frequency.” By increasing 
the intensity of tones of high frequency we raise 
their pitch ; whereas in the case of low frequencies, 
an increase in intensity lowers the pitch. This 
change of pitch may amount to as much as half 
an octave* at certain low frequencies. Clearly, 


* Presented at the meeting of the Acoustical Society of 


America, New York, October 31, 1936. 

'E. H. Barton, A Text-book on Sound (Macmillan, 
London, 1914), p. 9. 

*S. S. Stevens, ‘The Relation of Pitch to Intensity,’ 
J. Acous. Soc. Am. 6, 150-154 (1935). 

*W. B. Snow, “Change of Pitch with Loudness at Low 
Frequencies,” J. Acous. Soc. Am. 8, 14-19 (1936). 
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pitch and differential sensitivity to pitch are both recti- 
linear functions of extent on the basilar membrane. The 
correspondence of the pitch scale and the experimentally 
determined location of the resonant areas of the basilar 
membrane suggests that, in cutting a pitch in half, the 
observer adjusts the tone until it stimulates a position 
half-way from the original locus to the apical end of the 
membrane. Measurement of the subjective size of musical 
intervals (such as octaves) in terms of the pitch scale 
shows that the intervals become larger as the frequency of 
the mid-point of the interval increases (except in the two 
highest audible octaves). This result confirms earlier 
judgments as to the relative size of octaves in different 
parts of the frequency range. 


then, pitch is not frequency, nor is it correlated 
one-to-one with frequency. 

These considerations have led to the proposal‘ 
that the designation of pitch should take into 
account the loudness of a tone. In particular, it is 
argued that the pitch of a given tone should be 
specified in terms of a reference tone at a loudness 
level of 40 db which is perceived as equal to 
the given tone in pitch. It has been proposed 
further that the pitch of a tone at the loudness 
level of 40 db should be designated by its 
frequency, or, alternatively, by the number of 
octaves that it is above a given reference 
frequency. 

This proposal is a partial recognition of the 
fact that pitch, like loudness, depends upon the 
perceiving organism, and that the numbers used 
to designate values of the physical stimulus are 
not adequate to represent values of such a 
psychological magnitude. A desirable scale for 
the pitch of tones at the reference loudness 
(40-db level) would be one expressed in numbers 
whose values are directly proportional to the 
magnitude of the perceived pitch. The present 
experiment seeks to establish such a psychological 
scale of pitch. 


*H. Fletcher, ‘Loudness, Pitch and the Timbre of 
Musical Tones and their Relation to the Intensity, the 
Frequency and the Overtone Structure,” J. Acous. Soc. Am. 
6, 59-69 (1934). 
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THE PROBLEM OF SENSORY SCALES 


Controversy has for a long time centered 
around the proposition that it is possible to 
measure attributes of sensations, or to tell when 
one sensation is twice or three times as great as 
another. The truth of this proposition must 
depend not upon a priori conceptions but upon 
the outcome of experiment. We must first decide 
what we shall mean by a sensory scale (of pitch, 
let us say) and then determine by experiment 
whether or not such a scale can, in fact, be 
constructed. In other words, we must decide upon 
the criteria of the scale, and then devise opera- 
tions for satisfying the criteria. 

The criteria for a psychological scale were 
examined in a previous paper® in connection 
with the development of a scale for loudness. The 
following points will bear repeated emphasis. 

(1) There are, in general, two types of scales, 
commonly referred to as intensive and numerical 
scales. Scales which measure intensive magnitude 
enable us to place the things measured in a rank- 
order, i.e., arrange them according to increasing 
magnitude. Such a scale does not, however, 
enable us to say how many times one magnitude 
is greater than another, but only that it is 
greater. Numerical scales, on the other hand, 
have numbers which express the numerical 
relations between things measured. Thus, when 
two magnitudes are measured by a numerical 
scale, the scale numbers can be manipulated in 
accordance with arithmetical laws in order to 
determine additional relationships such as the 
sum of two magnitudes, the relative separation 
of two pairs of magnitudes, etc. 

(2) These manipulations of the numbers on 
numerical scales have significance only if the 
manipulations correspond to a set of concrete 
operations which can be performed on the things 
measured. Otherwise, the validity of the outcome 
of the manipulations cannot be tested empirically. 
The concrete operations will, in general, be 
different for different types of measurement. 
Thus, the procedure for verifying that 2 meters 
can be added to 2 meters to make 4 meters is 
very unlike that for showing that 2 henries of 
inductance can be added to 2 henries to give 4 


5S. S. Stevens, “A Scale for the Measurement of a 
Psychological Magnitude: Loudness, ’’Psych. Rev., 43, 
405-416 (1936). 
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henries. Similarly, in the case of sensation, we 
may reasonably expect to find that numerica| 
scales are based on operations peculiar to it alone. 

(3) Now, in the case of psychological measure. 
ments, most scales have been scales of intensive 
magnitude. What we want is a numerical scale— 
one whose numbers represent some aspect of the 
response of a living organism to a certain class 
of stimuli. 

(4) The numbers of the numerical scale should 
be applied to the attribute of sensation (which is, 
of course, an aspect of an organism’s response) in 
such a way that when they are manipulated 
according to the rules of arithmetic, one obtains a 
result which can be verified observationally. To 
the manipulations and to the result there should 
correspond a set of concrete operations. 

(5) Although we could conceivably choose 
any one of several sets of operations as defining 
the scale,® that set will ultimately prove most 
satisfactory which leads to scale numbers bearing 
the most reasonable relation to the experience of 
the observer. A reasonable scale is one on which 
the number JN stands for a sensation which does 
in fact appear to be half as great as that repre- 
sented by the number 2N, etc. 


PROCEDURE 


In view of the success encountered in the 
construction of a numerical scale of loudness’: § 
we employed an analogous procedure for pitch. 
The problem is to determine the relation between 
a numerical scale of perceptual pitch and the 
scale of frequency used to measure the stimulus. 
The observer was required, in our experiment, to 
adjust the frequency of a second tone until it 
sounded just half as high in pitch as a standard 
tone. In order to guard against the effect of 
intensity on pitch, tones were presented at a 
constant loudness level of 60 db. The fractiona- 
ation of several tones, scattered throughout the 
audible range, thus provides a basis for assigning 
numbers to the tones such that they constitute a 


numerical scale of perceived pitch. 


6 C, H. Graham, “Psychophysics and Behavior,” J. Gen. 
Psych. 10, 299-310 (1934). 

7H. Fletcher, ‘‘Newer Concepts of the Pitch, Loudness 
and Timbre of Musical Tones,” J. Frank. Inst. 220, 
405-429 (1935). a 

8 B. G. Churcher, ‘‘A Loudness Scale for Industrial Noise 
Measurement,” J. Acous. Soc. Am. 6, 216-226 (1935). 
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MEASUREMENT OF 


This scale can be no more reliable than the 
performance of the observers. The question 
arises, in the first place, whether it is possible to 
make such a judgment about pitch. Several 
observers made the statement a priori that pitch 
is not something of which they could take half; 
vet these same observers found upon trying that 
the judgment is quite possible. They were not 
explicit as to how they made the judgment, 
except to say that when the second tone was set 
toa certain frequency, it ‘‘felt like half,’’ whereas 
at other frequencies it “‘felt’’ too high or toc low. 
Observers differed greatly in the ease with which 
they acquired the necessary attitude. 

The following written instructions were given: 

“You will be presented with two tones which differ in 
pitch. The pitch of one tone may be varied by turning a 
crank; you are to adjust this tone until its pitch is just 
half of the pitch of the fixed tone. During the course of 
the adjustment, take care to produce values of the variable 
pitch which are plainly higher than the desired half-value 
and other values which are plainly lower. If the fixed and 
the variable tones differ widely in loudness, report this 
fact.” 


APPARATUS 


The tones were generated by two _ beat- 
frequency oscillators. The tone from one oscillator 
was fixed in frequency at 125, 200, 300, 400, 700, 
1000, 2000, 5000, 8000 or 12,000 cycles. The 
other tone could be varied continuously by the 
observer, who turned a small crank geared to the 
tuning condenser of the second oscillator (General 
Radio type 713-A). The observer faced the 
source of sound, a dynamic and a crystal speaker 
connected in parallel and mounted in a baffle. 
The experiment was conducted in a _ highly 
absorbent sound-room. 


TABLE I. Showing the geometric means of fractionations by 
each of five observers, and average errors for 2 observers. 









































| AVERAGE 
? AIHEewew on -_ Dp ‘ i. ~-RAGE 
FREQUENCY AT HALF-PITCH | ERROR (“%) 
i} 
OBSERVER || OBSERVER 
STAND- E == :- 
ARD | GEOMETRIC | 
FREQ. E V N M D Mean || E V 
125| 96| 84] 97] 87| 96} 90 «|| 3.4] 7.5 
200 131 131 123 101 107 121 | 7.4 6.7 
300 183 205 195 118 133 171 13.0 7.8 
400 | 237 251 237 173 253 233 13.5 9.0 
700 | 391 407 474 256 403 384 } 12.3 9.8 
1,000 | 590 640 622 391 485 558 } 11.0} 13.9 
2,000 | 998 979 | 1006 508 | 662 | 851 }} 14.8 | 13.7 
5,000 | 1930 | 1800 | 2260 | 1230 | 1590 | 1767 12.0 | 13.5 
8,000 | 2360 | 2170 | 3110 | 1650 | 2110 | 2239 19.1 | 13.9 
12,000 | 2970 | 2400 | 3720 | 2320 | 2980 2788 | 19.9 | 11.5 
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The two tenes were presented alternately by a 
relay which switched from one to the other at 
two-second intervals. Care was taken to keep 
both tones at a loudness level of 60 db. Voltages 
corresponding to the 60-db level were determined 
beforehand in terms of the thresholds of the three 
of us, and then as the observer changed the 
frequency of the second tone, the experimenter 
adjusted its voltage, if necessary, to keep it at the 
60-db loudness level. 


RESULTS 


Five observers (two of the authors and three 
others) were used in the experiment. At each 
experimental session each observer made one 
fractionation of each of the 10 standard tones. 
Five sets of fractionations were made by 3 
observers and 10 sets by 2 observers. These 10 
sets were made in order to get an indication of the 
reliability with which an observer is able to set 
one pitch to half of the value of another pitch. 
The averaged results for each observer are 
presented in Table I. In averaging it appeared 
reasonable to take the geometric mean of the 
individual adjustments rather than the arith- 
metic mean, in order to compensate for the fact 
that the differential sensitivity of the ear 
(measured in cycles per second) is less for high 
than for low frequencies. In taking the final 
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FREQUENCY OF STANDARD 


Fic. 1. The ordinate represents the frequency of the tone 
whose pitch was judged half as high as the pitch of the 
standard tone (abscissa). The smooth curve was fitted 
visually to the geometric mean of the adjustments of five 
observers. The point at 2000 cycles deviates from the 
general trend, due to the tendency of observer M to select 
values an octave below the other observers at this frequency. 
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average for the 5 observers their individual 
averages were weighted according to the number 
of judgments made by each. 

These observers show good agreement, con- 
sidering the supposed difficulty of fractionating 
pitch. Only one of them (M) departs significantly 
from the average of the group. He is a trained 
musician, and reported an inability to disregard 
octaves and other musical intervals when setting 
the second tone at half the pitch of the first. The 
other observers were apparently not confused by 
the recognition of these musical relationships. 
Observer M, however, tended to come more into 
line with the other observers as the experiment 
proceeded. His earlier settings were also upset by 
his conscious effort to imagine what ‘‘zero pitch”’ 
might be. It appears that a somewhat non- 
analytical attitude is necessary on the part of the 
observer if he is to maintain a consistent criterion 
for his judgment. 

In order to construct a pitch scale the averaged 
results were plotted as in Fig. 1, and a smooth 
curve was fitted visually to the points. Then, 
from this smooth curve we proceeded to construct 
the pitch function in Fig. 2. We assigned the 
number 1000 te the pitch of a 1000-cycle tone and 
determined from Fig. 1 the frequency of the tone 
which sounds half as high and which should have, 
therefore, the number 500 assigned to it. Simi- 
larly for the pitch number 250, etc. The result is a 
function (Fig. 2) which has, within the limi- 
tations of our particular procedure, the numerical 
significance which we set out to give it; namely, 
the numbers on the pitch scale are related to each 
other as the subjective magnitudes of the pitches. 
A pitch of 1000 units (mels’) is subjectively twice 
as high as a pitch of 500 units. ‘“Twice as high”’ 
is, of course, defined by the operations of this 
experiment. 


RELATION OF THE PITCH FUNCTION TO 
OTHER DATA 


Having established a pitch scale, we can use it 
to measure certain psychological magnitudes, 
and by comparing it with physiological data, we 
can obtain a suggestion as to the probable basis 
of the judgment of pitch magnitudes. 


9 The name mel was chosen as a name for the subjective 
pitch unit. It was taken from the root of the word melody. 
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Fic. 2. The pitch function, showing the relation of per- 
ceived pitch (in mels) to the frequency of the stimulus. 
The values in mels are derived from the curve of Fig. 1; the 
ae tone is arbitrarily assigned the value of 1000 
mels 


Relation of pitch to DL’s 


Psychologists have long debated the propo- 
sition that all just-detectable increments in fre- 
quency (difference limens or DL’s) are sub- 
jectively equal in magnitude. Now, if each DL 
increases the pitch of a tone by a constant 
amount, the summated DL’s should give a pitch 
scale which agrees with the scale in Fig. 2. In 
order to test this hypothesis we integrated 
graphically the DL’s determined by Shower and 
Biddulph’® and obtained the values shown in 
Fig. 3. The integration was made of the data for 
the loudness level of 60 db. Several assumptions 
are possible as to the best limits of integration. 
For the lower limit we chose 60 cycles, because at 
lower frequencies Shower and Biddulph found an 
anomalous decrease in the size of the relative 
DL’s. The number of DL’s below 60 cycles is so 
small, however (about 10 or 20) that their effect 
on the total integration is negligible for our 
purpose. At the upper end we integrated as far as 
available data would permit (about 12,000 
cycles). This coincides with the highest tone we 
actually used in determining the pitch function 
in Fig. 2. 

10 E. G. Shower and R. Biddulph, ‘Differential Pitch 


Sensitivity of the Ear,” J. Acous. Soc. Am. 3, 275-287 
(1931). 
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Fic. 3. The relation of the pitch function (solid curve) to 
the integrated DL’s (solid squares) and to the experimental 
location of resonant positions on the basilar membrane 
(circles). The ordinate scale (on left) shows the number of 
DL’s for pitch as a function of frequency when the integra- 
tion is made at the 60 db loudness level. The pitch scale in 
mels can be obtained by multiplying the ordinate values by 
the factor 2.83. The relative locations of resonant areas on 
the basilar membrane are obtained by laying the linear 
extent of the membrane along the ordinate scale. Thus the 
ordinate on the right represents the relative linear extent of 
the membrane both in man and guinea pig. 


The close agreement of the integrated DL’s 
and the pitch function (Fig. 3) shows clearly 
that, within the limits of accuracy of present 
measurements, all DL’s for pitch, at a constant 
loudness level, are of equal subjective magnitude. 
This conclusion is unlike that reached in the case 
of loudness" where DL’s increase rapidly in size 
with increasing intensity of the stimulus. The 
fact that the size of DL’s for pitch is constant, 
whereas the size of DL’s for loudness varies, 
testifies to the fact that pitch and loudness are 
based on quite dissimilar physiological mecha- 
nisms. Perhaps the two judgments of loudness, 
magnitude and DL, involve different types of 
physiological mechanisms, whereas the judg- 
ments of magnitude and DL for pitch are based 
upon the same type of physiological mechanism. 
Both magnitudes and DL’s for pitch depend upon 
discrimination of the location of stimulation on 
the basilar membrane. Loudness appears to 
depend upon the total number of fibers stimulated 





"S. S. Stevens and H. Davis, ‘‘Psychophysiological 
oa Pitch and Loudness,”’ J. Acous. Soc. Am. 8, 1-13 
(1936). 
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in the auditory nerve. The mechanism underlying 
the judgment of DL’s for loudness is as yet 
undetermined. 


Relation of the pitch scale to basilar mechanics 


Experiments designed to determine the location 
of the region of the basilar membrane which is 
resonant to different frequencies have been 
conducted by means of the electrical recording of 
potentials generated in the ears of guinea pigs.” ® 
Surgical damage to the basilar membrane at a 
particular location results in a decreased sensi- 
tivity to tones of a certain frequency. The 
“map” of the basilar membrane obtained by 
correlating locations of lesions with abnormalities 
in the corresponding audiograms is almost pre- 
cisely the same “‘map”’ as that resulting from an 
integration of DL’s for pitch. The latter is based 
on the assumption that for each DL the two 
tones being discriminated must stimulate parts 
of the basilar membrane separated by a constant 
distance. 

Now, if we let the ordinate of Fig. 3 represent 
the linear extent of the basilar membrane, and 
plot the resonant positions as a function of 
frequency, we obtain the function suggested by 
the circles in Fig. 3. The size of these circles 
represents approximately the probable error of 
the measurements made in the work with guinea 
pigs. The obvious correspondence between the 
locations of the resonant regions determined by 
experiment and by integration of DL’s, and their 
correspondence in turn to the pitch function 
suggests an interesting hypothesis. Apparently, 
when an observer is asked to set a second tone to 
half the pitch of a given tene, he changes its 
frequency until it stimulates a position on the 
basilar membrane midway between the position 
stimulated by the given tone and the apical end 
of the membrane. He is, of course, not aware of 
these locations as such, but the underlying 
physiological process which makes comparison of 
pitches possible seems to be characterized chiefly 
by spatial differentiation. Although there are 
subsequent central nervous processes, the form 
of certain discriminatory functions is evidently 
imposed by the receptor mechanism. 


12S. S. Stevens, H. Davis and M. H. Lurie, “The 
Localization of Pitch Perception on the Basilar Mem- 
brane,”’ J. Gen. Psych. 13, 297-315 (1935). 

13 E. Culler, Ann. Otol. Rhin. Laryn. 44, 808-814 (1935). 
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Relation of the pitch scale to musical intervals 


An interesting application of the pitch scale is 
the measurement of the size of musical intervals. 
We can measure the subjective size of the various 
octaves by determining from Fig. 2 how much 
the pitch changes in going from one octave to the 
next. In a similar way we can measure the size of 
other musical intervals. In general, the subjective 
size of any musical interval is approximately 
proportional to the slope of the pitch function 
(Fig. 2) at the frequency which falls in the middle 
of the interval. 

In order to illustrate these relationships, the 
subjective size of successive octaves and fifths, as 
measured in mels, is plotted in Fig. 4. The plot 
for other intervals would be similar in form but 
different in ordinate value. 

Quite definitely, musical intervals become 
subjectively larger as frequency increases up to 
the fourth octave above middle C (up to 4096 
cycles). In other words, throughout the useful 
musical range, intervals increase in subjective 
magnitude with increasing frequency of the 
stimulus. This conclusion is not entirely novel. 
The eminent psychologist-musician, Stumpf," 
decided that in spite of the great difficulty of 
making these subjective comparisons, the upper 
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Fic. 4. The size of musical intervals in terms of mels. The 
upper curve shows the perceived size of octaves as a func- 
tion of the geometric mean of the limiting frequencies. The 
lower curve shows in a corresponding manner the perceived 
size of fifths. 


144 C, Stumpf, Tonpsychologie I, 250 (1883). 
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octaves are perceptually larger than the lower 
octaves. Thus the pitch scale enables us to 
confirm Stumpf’s judgment. 


DISCUSSION 


The question arises concerning the possibility 
of verifying the pitch function by other pro- 
cedures such as bisecting tonal intervals, i.e., 
setting a third tone to a value half-way, in pitch, 
between two other tones. Such verification js 
theoretically possible—in fact it is theoretically 
required if the pitch scale is valid. The ability of 
any two methods of fractionation or bisection to 
confirm each other is limited, however, by the 
existence of constant errors in the experimental 
procedures. Some of the factors which may 
introduce constant errors are the size of the 
interval, the position of the interval on the 
frequency scale, the order of presentation of the 
stimuli, the rate of presentation, the position of 
the variable tone before the observer begins the 
adjustment, and the effect of what is known as 

“absolute judgment,’”’ namely, a tendency to 
adjust the variable tone to a value which is to 
some extent independent of the two limiting 
tones, but dependent upon preceding judgments. 
The choice of a function to be used as a pitch 
scale will, therefore, be subject to revision when- 
ever the sources of constant errors in the experi- 
mental procedures can be detected and elimi- 
nated. 

The method of bisection has been applied to 
tonal intervals. The results of different investi- 
gators, however, have thus far been contra- 
dictory.'!° Some workers have insisted that the 
bisection is made at the arithmetic mean and 
some claim evidence for bisection at the geo- 
metric mean. A famous historical controversy 
was waged about this point.!® From the form of 
the present pitch function it is evident that the 
bisection of an interval should depend upon the 
position of the interval on the frequency scale. 
Hence, both parties to the controversy may be 
correct. 


1 C, C. Pratt, “Comparison of Tonal Distance,” 
Exper. Psych. 11, 77-87 (1928). 

16 E. B. Titchener, Experimental Psychology 2, part 2, 
232-248 (1905). 
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On Hearing by Electrical Stimulation* 


S. S. STEVENS, Psychological Laboratory, Harvard University, Cambridge, Massachusetts 
(Received June 24, 1936) 


HE fact is well known that when the audi- 

tory mechanism is stimulated by a sound 
wave it generates an electric wave' known as the 
cochlear potential. The ear behaves as an electro- 
mechanical transducer. It is not so well known, 
however, that the effect is reversible and that 
when an alternating current is passed through 
the head, an auditory sensation results. Persons 
with normal hearing are able to hear as pitches 
alternating currents suitably applied to the ear 
and to detect the frequency of the currents in 
the same way they detect the frequency of ordi- 
nary sound waves. The purpose of this paper is 
to discuss the nature of this electrophonic 
phenomenon. 

What was perhaps the earliest experiment on 
the electrical stimulation of the ear produced 
equivocal results. Volta,’ in 1800, connected a 
battery of 30 or 40 ‘‘couples’’ to two metal rods 
which he inserted into his ears. Upon closing the 
circuit he received ‘‘une secousse dans la téte”’ 
and a few moments later heard a noise like the 
boiling of thick soup. The sensation was too dis- 
agreeable to bear many repetitions. In an experi- 
ment with his brother, E. H. Weber* failed to 
confirm Volta’s results. In this experiment the 
ears were filled with water and _ electrodes 
inserted. With the passage of an electric current 
the observer reported a light ‘das quer iiber den 
Kopf zu gehen schien,”” but he heard no sound. 
The defect in these early experiments was, of 
course, that direct rather than alternating 
currents were used. Brenner* and others showed 
later that the ear could be stimulated by short 
pulses of current such as those obtained from 
condenser discharges, and more recently the 


* Presented at the meeting of the Acoustical Society of 


America, New York, October 31, 1936. 

'H. Davis, ““The Electrical Phenomena of the Cochlea 
i988)" Auditory Nerve,” J. Acous. Soc. Am. 6, 205-215 

? A. Volta, “‘On the Electricity Excited by Mere Contact 
of Conducting Substances of Different Kinds,’ Roy. Soc. 
Phil. Trans. 90, 403-431 (1800). 

7E. H. Weber, Der Tastsinn und das Gemeingefiihl 
(Leipzig, 1905), p. 42. 

*R. Brenner, Untersuch. und Beobachtungen auf den 
Gebiete d. Electrotherapie (Leipzig, 1868). 
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behavior of the ear under stimulation by alter- 
nating currents has been studied.*: ° 


THE ELECTROPHONIC THRESHOLD 


One of the first problems regarding electrical 


stimulation is the amount of energy needed to 
arouse a sensation. This energy was measured by 
the following procedure. 


A beat-frequency oscillator supplied alter- 


nating currents with a harmonic content of 
less than 1 percent. These were led to the 
observer, as shown schematically in Fig. 1, 
in such a way that the voltage and current 


(root-mean-square) could be measured simul- 
taneously. The ground electrode (an aluminum 


disk) was strapped to the inside surface of the 


forearm. To insure adequate contact at the ear, 
the external meatus was filled with a saline 
solution (one level teaspoon full of salt to a 
cup of water) and a copper wire coated with 
solder was immersed about one-fourth of an 
inch in the solution. Care was taken to have the 
meatus fairly free of wax before filling it with 
salt solution. 

As is well known, the body presents to an 
alternating current a complex impedance which 






Oscillator 


Fic. 1. Schematic diagram of the apparatus. 


5G. V. Gersuni and A. A. Volokhov, ‘‘On the Electrical 
Excitability of the Auditory Organ on the Effect of Alter- 
nating Currents on the Normal Auditory Apparatus,” 
J. Exper. Psych. 19, 370-382 (1936). 

6B. Fromm, C. O. Nylén and Y. Zotterman, “Studies in 
the Mechanism of the Wever and Bray Effect,” Acta 
Oto-Laryngol. 22, 477-486 (1935). 
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Fic. 2. Showing the absolute value of the impedance of a 
typical observer, as measured on an impedance bridge, asa 
function of frequency. 


has resistive and capacitive components. There- 
fore, the power dissipated cannot be obtained 
unless the two components of the impedance are 
known. In order to measure the equivalent 
resistance and the equivalent capacitance of the 
portion of the body in the path of the alternating 
currents, the electrodes were connected to a 
bridge as shown in Fig. 1. When the bridge was 
balanced by simultaneously adjusting the vari- 
able resistance and capacitance in the two lower 
arms, the resistance and capacitance of the ob- 
server could be calculated from the values of 
the elements in the arms of the bridge. The 
measurements had to be repeated at each fre- 
quency, for both the resistance and the capaci- 
tance of the body change with frequency. The 
resistance and the capacitive reactance decrease 
with increasing frequency. 

The absolute value of the impedance can be 
obtained from the voltage and current measure- 
ments by dividing the current into the voltage. 
This value should check with the value com- 
puted from the bridge measurements, namely, 
the square root of the sum of the squares of the 
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Fic. 3. Showing the manner in which the power factor of a 
typical observer varies with frequency. 


resistive and reactive components. In the case 
of each of the seven observers used in the experi- 
ment the two values for the impedance checked 
to within 10 percent or better. A typical set of 
these values are plotted as a function of fre- 
quency in Fig. 2.ince this function S is almost a 
straight line in a log-log plot, the observer's 
impedance is approximately proportional to an 
exponential function of the frequency. 

The power, then, was computed by the 
formula, 


P=VA cos 9, 


where P is the power in microwatts, V is in 
volts, A is in microamperes, and cos ¢ is the 
ratio of the resistance to the total impedance of 
the observer. This ratio is known as the power 
factor. The power factor for seven observers 
averaged 0.65 at 1000 cycles, where the value is 
smallest. The manner in which the power factor 
varies with frequency is illustrated in Fig. 3 by 
the curve, which is that of a typical observer. 
The foregoing method of determining a meas- 
ure of the threshold for electrical excitation of 
the ear may appear somewhat complicated, but 
a simpler measure such as current (as used by 
Gersuni and Volokhov) is unsatisfactory, be- 
cause the resistance, the reactance and their 
ratio change as a function of frequency and are 
different for different observers. Voltage is 
unsatisfactory as a measure of the threshold for 
the same reason. The ideal measure would be 
the amount of power which is dissipated in the 
particular mechanism by which the electrical 
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HEARING BY 





energy is transformed into acoustical energy, 
but, since there is at present no way of dis- 
covering how much of the total energy dissipated 
between the two electrodes is consumed in the 
auditory mechanism, the best measure of the 
electrical threshold appears to be the total 
power used when the electrodes are applied in 
some standard manner. 

The thresholds of two practiced observers, 
whose hearing, as tested on a Western Electric 
2-A audiometer, did not depart more than 5 db 
from normal at any frequency, were determined 
on three separate occasions and the average of 
the results is shown in Fig. 4. The thresholds for 
the seven observers all fell within a range of 
15 db, but extensive measurements were made 
only on two observers. The lower curve repre- 
sents the power needed to arouse a sensation of 
hearing; the upper curve shows the point at 
which an electric shock is felt. The fact that an 
increase above threshold of about 20 db in the 
intensity of the stimulus gives rise to a combined 
burning, tickling and pricking sensation severely 
limits the loudness which it is practicable to 
induce through electrical stimulation. This same 
factor imposes limits to the range of frequencies 
which can be detected, for, when the frequency 
is as low as 200 cycles, most observers experience 
the shock before they hear the tone. Similarly, 
for frequencies above 10,000 cycles the threshold 
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_Fic. 4. The threshold for hearing by electrical stimula- 
tion, as a function of frequency. The lower curve represents 
the least power, relative to one microwatt, which will pro- 
duce a sensation of hearing when the electrodes are ap- 
plied in the manner described in the text. The upper curve 
gives the power at which a sensation of shock (a burning or 
tickling sensation) occurs. The area between the curves is 
the ‘auditory area” for electrical stimulation. 
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for shock is lower than the threshold of hearing. 
The two observers whose curves are shown in 
Fig. 4 heard, however, a tone as low as 125 
cycles on one occasion and as high as 12,000 
cycles on two occasions. In hearing a tone as 
low as 125 cycles there appears to be a combined 
auditory, tactual and pressure sensation in the 
ear. Both observers reported it as a strange 
experience. 


THE EFFECT OF WAVE FORM ON THE THRESHOLD 


The failure of the observers in the present 
experiment to hear tones below 125 cycles is in 
apparent contradiction to the report of Gersuni 
and Volokhov® who recorded thresholds as low 
as 17 cycles. They characterized the sensation, 
however, as a series of “short single noises in 
quick rhythm.”’ This description suggests that 
their oscillator was supplying a very bad wave 
form. In order to test this possibility, a gas-filled 
discharge tube was connected, as shown in Fig. 5, 
in such a way as to supply a succession of sharp 
impulses at any desired rate. When these im- 
pulses were applied to the ear the observer 
experienced precisely what answers to the de- 
scription of ‘‘short single noises in quick rhythm.”’ 
These noises could be heard at any frequency 
down to one in two seconds. At about 100 per 
second the experience was again the same as 
that described by Gersuni and Volokhov, ‘‘con- 
tinuous humming noise with a musical character.”’ 

It appears, therefore, that the lower threshold 
for electrical stimulation without shock by purely 
sinusoidal currents does not go below approxi- 
mately 125 cycles, but that with a sufficiently 
distorted wave form there is no lower limit to 
the frequency which can be heard. Under the 
latter condition, however, the sensation is not 
that of a continuous tone. 


Amplifier 





Fic. 5. Schematic diagram of the apparatus for producing 
sharp impulses of current at any desired frequency. The 
tube was a type 874 (R. C. A.). 








194 S. S. 


DISTORTION 


The tones heard by electrical stimulation lack 
the purity of tones heard in the usual way. 
In fact, one observer was able to identify the 
pitch of a tone as an octave higher than the 
stimulus frequency. Obviously the electrophonic 
phenomenon is subject to considerable distortion. 

The severity of the distortion introduced with 
electrical stimulation can be demonstrated by 
the simple procedure of connecting the electrodes 
on the observer to the output circuit of a radio 
set. Music can be heard and popular tunes 
identified, but the quality is definitely poor— 
‘“tin-pan’’ music. Speech can be easily recognized 
as speech, but only occasional words can be 
understood. Clearly, electrical stimulation does 
not promise much as an alternative means of 
hearing so long as so much distortion is present. 

A clearer indication of the type of distortion 
introduced can be obtained by connecting the 
electrodes to two oscillators simultaneously. 
When both oscillators are set close to 1000 cycles, 
beats are heard. Then, as the frequency of one 
oscillator is increased to 1400 cycles, a difference 
tone becomes clearly audible. This difference 
tone actually becomes louder than either of the 
generating tones when it reaches 700 cycles. 
With the upper generator near 2000 cycles 
strong beats are heard again—much stronger 
beats than those obtained by putting the same 
two frequencies into a loudspeaker and listening 
to the resultant tones. Then again with the 
upper oscillator at 3000 cycles a fairly strong 
beat is audible, whereas no beat was heard 
from the same two tones coming from a loud- 
speaker. The evidence clearly indicates, there- 
fore, that the distortion is of such a nature as 
to introduce strong harmonics when the ear is 
stimulated by a purely sinusoidal current. 


THE MECHANISM INVOLVED 


Of the three hypotheses advanced to explain 
the electrophonic effect only one appears ade- 
quate to the facts. One notion is that the electric 
current stimulates the auditory nerve directly 
without involving the mechanism of the cochlea. 
The analysis of a wave form into its component 
pitches would then depend upon the ability of 
the brain to analyze the frequency of the nerve 
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impulses in the manner postulated by the 
“telephone” theory of hearing. The obvioys 
defect of this hypothesis is that it requires that 
the brain resonate selectively to different fre. 
quencies—a feat for which a tuned set of 
resonators would be required. No structure jp 
the brain has been found, however, which appears 
to have the properties of either electrical or 
mechanical resonant systems. 

Another hypothesis is that the auditory 
mechanism itself possesses a set of electrical 
resonators. The receptors in the cochlea are said 
to be electrically tuned to respond to different 
frequencies.° Here again we have an hypothesis 
demanding a mechanism for whose existence we 
are completely without evidence. 

The third hypothesis is that the alternating 
currents set up mechanical vibrations in the ear 
and that these vibrations in turn stimulate the 
auditory mechanism in the same way that sound 
vibrations stimulate them. This is a reasonable 
hypothesis, since it requires only that there exist 
in the ear some membrane which is electrically 
charged so as to be set in motion when subjected 
to an alternating potential. We know that the 
ear behaves as a condenser microphone in the 
sense that sound energy is transformed into 
electrical energy. The present hypothesis sug- 
gests merely that the ear, like all condenser 
microphones, is capable of the reverse process of 
converting electrical into mechanical energy. 
Although we have no direct evidence as to which 
membranes are involved, it is perhaps likely 
that the basilar membrane, loaded as it is with 
the hair cells of the organ of Corti which produce 
an electric potential whenever they are dis- 
turbed,’ should bear a sufficient net charge to 
be able to respond mechanically to an alternating 
electric potential. This net charge must, of 
course, arise through some process of polar- 
ization. 

Then, since the basilar membrane is already 
tuned mechanically,® the alternating potential 
would be effective in setting up vibrations only 
in that portion of the membrane which is tuned 





7S. S. Stevens and H. Davis, “Psychophysiological 
Acoustics: Pitch and Loudness,” J. Acous. Soc. Am. 8, 
1-13 (1936). 

8S. S. Stevens, H. Davis and M. H. Lurie, The Localiza- 
tion of Pitch Perception on the Basilar Membrane,’ 
J. Gen. Psych. 13, 297-315 (1935). 
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to the frequency of the alternating current. 
In this way the perception of pitch would proceed 
exactly as in the case of stimulation by sound 
waves. , 

The possibility that the electrophonic effect is 
due to mechanical vibrations, set up in the solu- 
tion filling the external meatus, appears to be 
ruled out by the fact that tones are clearly heard 
when a brass rod is placed in the meatus without 
the presence of a liquid. Under this condition, 
however, the threshold for shock is very close 
to the auditory threshold even at 1000 cycles. 
Apparently the best results are obtainable only 
when the electrode (solution) is in contact with 
the ear drum itself. 

It is still necessary to account, if possible, for 
the excessive amount of distortion which is 
experienced under electrical stimulation. Dis- 
tortion may arise from two causes. First, since 
the moving elements of the ear do not strictly 
obey Hooke’s law, harmonics may arise from 
stimulation by a sinusoidal mechanical force. 
This fact is believed to account for the normal 
amount of distortion introduced when the 
stimulus is a sound wave. It appears unlikely, 
however, that this type of nonlinearity in the 
auditory mechanism is able to produce all of 
the distortion observed under electrical stimula- 
tion. Hence a second cause must operate, one 
which appears to be electrical rectification. 

Electrolytes bounded by various types of 
surfaces are known to behave as complete or 
partial rectifiers in that a current passes the 
boundary more easily in one direction than in 
the other. An electrolytic condenser is an example 
of this phenomenon. Furthermore, whenever 
rectification of a sinusoidal current takes place, 
the resultant current can be analyzed into a 
steady component, the original frequency, and a 
series of harmonics. Therefore, if partial rectifica- 
tion of the current sent through the ear were to 
occur at some boundary, we should have reason 
to expect the large distortion which was actually 
observed. 

That some degree of rectification takes place 
can be shown quite simply by stimulating the 
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ear with monophasic pulses of current and noting 
the effect when the polarity of the pulse is 
reversed. A modification of the apparatus shown 
in Fig. 5 was used to produce almost completely 
monophasic impulses. These impulses were led 
to the ear and at the same time observed on a 
cathode-ray oscillograph. When the polarity is 
such that the electrode in the ear is negative with 
respect to the electrode on the arm, then the 
loudness of the ‘‘click”’ is distinctly greater than 
it is for the opposite polarity. Also the intensity 
of the shock is greater for a given intensity of 
impulse when the electrode at the ear is negative. 
The polarity was changed by simply reversing 
the leads, a procedure which caused no ob- 
servable change in the form or size of the impulse 
as seen on the cathode-ray oscillograph. Clearly, 
then, the current passes more readily through 
the system in one direction than in the other, 
and, although it remains to determine quantita- 
tively the degree of rectification, the effect is 
sufficient to account for a large amount of 
distortion. 

It is conceivable that a different type of elec- 
trode would reduce the distortion sufficiently to 
make the perception of speech and music less 
unsatisfactory. In fact, slightly better results 
were obtained by replacing the metal electrode 
on the arm by the same solution as that used in 
the ear. The solution was poured into a rubber 
ring pressed against the arm, and a wire electrode 
was immersed in the liquid in the same manner 
as at the ear. Under these conditions enough 
counter rectification apparently took place at 
the electrode on the arm to neutralize that 
occurring at the ear, and speech and music from 
the radio appeared slightly clearer. The dis- 
tortion, however, was still too great for the 
complete understanding of speech. This fact 
suggests either that all of the rectification is not 
due to the salt solution at the ear, but that some 
of it may occur inside the body, or else that the 
rectificatien is so nonlinear that counter rectifica- 
tion does not sufficiently restore the original 
wave form of the current. These possibilities 
remain to be explored. 
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Theory of the Haskell Organ Pipe* 


ARTHUR TABER JONES, Smith College, Northampton, Massachusetts 
(Received August 26, 1936) 


A quarter of a century ago William Haskell developed an organ pipe which is like an ordinary 
open pipe with a smaller tube, closed at the top, inserted in it. This pipe gives the full series of 
harmonic partials usually obtained from an open pipe of length equal to the sum of the lengths 
of the outer tube and the inner one. The theory of the pipe is here ‘developed and checked 


experimentally. 


INTRODUCTION 


EARS ago William E. Haskell,! at that time 

Pipe Organ Superintendent of the Estey 
Organ Company, developed an organ pipe which 
has the characteristics of an open pipe, and yet 
may be considerably shorter than an open pipe 
of the usual form. The pipe may be made of 
wood or of metal. Fig. 1 shows the structure of 
a metal pipe. It is like an ordinary open pipe 
except for the insertion of a tube AB which is 
closed at the top. The length of the equivalent 
open pipe is approximately that of the main 
pipe plus that of the inserted tube. 

Why the overtones from a pipe of this form 
should be similar to those from an ordinary 
open pipe, and why they should be those usually 
obtained from a pipe of considerably greater 
length, are questions that have apparently never 
heretofore been answered. 


THEORY 


To develop the theory for this pipe consider 
the tubes shown in Fig. 2. The outer tube is 
open at both ends, and the inner is open at the 
left and closed at the right. a, b and f are distances 
after correction has been made for end effects. 

Let us examine the normal modes of vibration 
of the air in this system. Consider the three 
regions indicated by the numbers /, 2 and 3. 
I is the region of length a in the outer tube, 
2 is the region of length 6 which surrounds the 


i. 


Fic. 1. One form of the Haskell pipe. 





* Presented at the meeting of the Acoustical Society of 
America, New York, October 31, 1936. 

1United States patent number 965,896 issued in the 
vear 1910. 


inner tube, and 3 is the region inside of the inner 
tube. In a (longitudinal) normal mode of vibra- 
tion the displacement of the air in these regions 
is given by the equations 


£:=A cos wt cos k(x—8), 
f2=B cos wt cos k(x—¢), (1) 
£;=C cos wt cos k(x—y), 


where the meanings of the symbols are suf- 
ficiently obvious. 

The boundary conditions are: There is no 
change of pressure at the left end of region / or 
at the right end of region 2; there is no dis- 
placement at the right end of region 3; the 
pressure at x=a is the same in all three regions; 
and at x=a the volume swept out by air which 
moves to the right in region / is the sum of the 
corresponding volumes for regions 2 and 3. These 
conditions may be expressed by the equations 


at x=0, 0&, /0x=0, 

atx=a+b, d&/dx=0, 

at x=a-++f, é;=0, (2) 

at x=a, 0&/0x =d0ko/ 0x = £3 OX, 
and at x=a qiéi = Gobet qaés, 


where the q’s stand for areas of cross section. 

The first of the equations (2) is satisfied if 
6=0. When the é’s from Eqs. (1) are inserted in 
the remaining Eqs. (2), and g, ¥, B/A, and C/A 
eliminated, we obtain 


gi cot ka+qe2 cot kb=q; tan Rf. (3) 
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(a) 


ORGAN PIPE 









(c) 


Fic. 3. Distribution of pressure in first three normal modes of a Haskell pipe. (a) fundamental; (b) octave; (c) twelfth. 


In Haskell pipes the relations g; = 2g2= 2q3 and 
b=f are very nearly satisfied. Under these 
circumstances, and if sin ka+0 and sin 2kb+0, 
(3) reduces to 


sin k(a+26) =0, 


which is the well-known expression from which 
to obtain the frequencies of the normal modes of 
vibration of the air in a tube open at both ends 
and of corrected length a+2b. The frequencies 
of the normal modes are therefore harmonic, 
and the length of the equivalent open tube is 
the sum of the lengths of the two tubes that 
appear in Fig. 2. Essentially this relation is 
stated in the patent on the Haskell pipe. It has 
now been deduced theoretically. 

If instead of setting f=) we set f=b+e, and 
as before use g1= 2q2= 243, (3) leads to 


sin k(a+2b+€) =sin ke[ cos k(a+ 2b) 
+2 sin kb sin k(a+5) |, 


so that if € is small the result just stated still 
holds approximately. 

We shall probably understand the situation 
somewhat better if we examine the distribution 
of pressure. To accomplish this we first use the 
second, third and fourth of the conditions in 
Eqs. (2) to determine ¢, ¥, B/A and C/A, and 
then eliminate these quantities from the Eqs. (1). 
The é’s which we eliminated to obtain (3) are 
now retained, we recall that in each region the 
deviation of pressure from the normal is pro- 
portional to d&/ dx, and we find that the pressure 
changes are proportional to the following quan- 
tities: 


pi proportional to sin kx, 
pb: proportional to 

—(sin ka/sin kb) sin k(x—a—b), 
ps proportional to (sin ka/cos kf) cos k(x—a—f). 


For one special case where }=f=3a/2 the 
pressures for the first three normal modes are 
plotted in Fig. 3. The curves numbered /, 2, 3 
are for the corresponding regions of Fig. 2. 
In each diagram the vertical dotted line is a 
quarter wave-length from the lower (i.e., left) 
end of the pipe. That is, the dotted line is at the 
position where the first node of displacement 
would occur in an open pipe of the usual form if 
the pipe were long enough to give the same 
pitch as the Haskell pipe. 


EXPERIMENT 


An experimental check of Eq. (3) was obtained 
with two Haskell pipes which were kindly placed 
at my disposal by the Estey Organ Corporation. 
With each pipe the air pressure was adjusted 
until the pipe spoke well, and the frequency of 
the fundamental was then determined by means 
of beats between an adjustable tuning fork and 
the fundamental or one of the harmonics of the 
pipe. 

In order to make allowance for the end correc- 
tion at the mouth each pipe was examined twice, 
once with the inner tube removed, and once with 
it inserted. The air pressure was not changed 
between these determinations. When the inner 
tube was removed the pipe was of the usual 
type, so that from its frequency, its length, the 
usual open end correction, and the temperature 
of the room, it was possible to calculate the end 
correction at the mouth. It was assumed that 
the end correction at the mouth is not changed 
by the insertion of the inner tube. 

There is doubt as to the magnitude of the end 
correction at the upper end of the outer tube 
when the inner tube is in place. But the change 
which the insertion of the inner tube produces in 
this correction is probably small, and in the 
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present study this change has been neglected. 
Any end correction at the closed end of the 
inner tube has been assumed to be negligible. 
Knowing the corrected lengths a, 6 and f, and 
the measured areas qi, g2 and g3, we may employ 
(3) to calculate k, and thus obtain the frequency 
of the pipe. For the first pipe examined the 
experimental frequency was 118.4 cycles/sec., 
and that calculated from (3) was 118.1. For the 


second pipe the frequencies were 79.0 and 78,0. 
The agreement is very satisfactory when it js 
remembered that the calculated frequency jg 
that of a free vibration, whereas the observed 
frequency is that of a maintained vibration, 

I wish to express my hearty thanks to the 
Estey Organ Corporation for their kindness jp 
making available the two pipes which I have 
tested experimentally. 
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The Strike Note of Bells 


ARTHUR TABER JONES, Smith College, Northampton, Massachusetts 
(Received September 22, 1936) 


In view of a paper by Meyer and Klaes the author 
examines again certain arguments against the view that 
the strike note of a bell is a difference tone. The work of 
Meyer and Klaes is summarized, and four new tests are 
reported. The results of all four tests are opposed to the 
hypothesis that the strike note is a difference tone. In a 
very tentative way the possibility is suggested that -in 
some bells the strike note may be the second partial tone 
of the bell. This is not true for the bells which the author 


INTRODUCTION 


HE “‘strike note”’ of a church bell is the tone 

which is most prominent when several bells 
sound in succession, and it is this tone that is 
meant when the pitch of a bell is given. In spite 
of study by various experimenters the question 
as to how the strike note is produced is not yet 
settled. The present paper gives some additional 
evidence. 

On several bells Rayleigh! found that the pitch 
ascribed to the bell was not given by any normal 
mode of vibration of the bell, and that this tone 
was not reinforced by a resonator. In each case he 
found that the strike note was about an octave 
below the fifth partial tone of the bell, and on a 
bell which he was able to examine with some care 
he found that this fifth partial ‘‘is heard loudly 
from the soundbow [i.e., when the bell is struck 
on the soundbow ], but soon falls off when the 
locality of the blow is varied, and in the upper 
three-fourths of the bell is very faint.”’ 

Blessing? wrote a very interesting account of 
the peculiarities of the strike note, and among 
other matters stated that if the soundbow of a 
bell—that is, the thickened ring on which the 
clapper strikes—is gradually turned thinner and 
thinner, in such a way as to make the inner and 
outer surfaces of the soundbow become more and 
more nearly parallel, the strike note grows fainter 
and fainter until it is no longer audible. 

Blessing attributes to Rudolph Koenig a sug- 
gestion that the strike note might be a combi- 
nation tone. If it is a combination tone it is most 





‘Lord Rayleigh, Phil. Mag. 29, 1 (1890). 
*P. J. Blessing, Physik. Zeits. 12, 597 (1911). 


has examined most carefully. For these bells he still believes 
that the strike note, aside from the octave in which it lies, 
is determined by the fifth partial tone of the bell. As to 
the octave, the work of Meyer and Klaes suggests that 
this may be determined by the difference tone from the 
fifth and seventh partials, this difference tone being 
produced by the nonlinear response of the auditor’s ear. 
An appendix gives some information regarding harmonic 
overtones from tuning forks. 


likely to be a first-order difference tone. That 
possibility seemed to be disposed of rather 
definitely by work published a number of years 
ago.*~> On several bells I had verified that the 
strike note is at least close to an octave below the 
fifth partial, and in other work I have assumed 
that this relationship holds exactly. On the basis 
of this assumption I showed that the only 
partials which might give an appreciable differ- 
ence tone of the same pitch as the strike note are 
the fifth and seventh, and that on some bells the 
difference tone from these partials deviates so 
widely from the octave below the fifth partial as 
to make it extremely improbable that the strike 
note is a difference tone. 

A study by Meyer and Klaes® supports the 
hypothesis that the strike note is a difference 
tone, and their work has made it desirable to 
weigh again the evidence that had been pre- 
sented against this hypothesis, and if possible to 
secure further evidence. 


THE WorRK OF MEYER AND KLAES 


Meyer and Klaes examined only one bell, but 
their study was evidently a very careful one. 
The second, third, fifth and seventh partials of 
their bell had frequencies, respectively, of 494, 
630, 1073 and 1605 cycles/sec. The octave below 
the fifth partial had therefore a frequency of 537 
cycles/sec., and the difference tone from the 





3A. T. Jones, Phys. Rev. 16, 247 (1920). 
‘A. T. Jones, J. Acous. Soc. Am. 1, 373 (1930). 
‘>A. T. Jones and G. W. Alderman, J. Acous. Soc. Am. 
3, 297 (1931). 

6 Erwin Meyer and Johannes Klaes, Naturwiss. 21, 697 
(1933). 
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fifth and seventh partials a frequency of 532 
cycles/sec. The founders gave the pitch of the 
bell as 3 of a half-step above cy. If a3 is taken as 
having a frequency cf 435 cycles/sec. this would 
mean that the strike note of the bell had a 
frequency of 530 cycles/sec., or if a3; has a 
frequency of 440 cycles/sec. the frequency of the 
strike note would be 536 cycles/sec. Thus, with 
either standard of pitch the octave below the 
fifth partial and the difference tone from the 
fifth and seventh partials are both of them rather 
close to the strike note. 

Meyer and Klaes tested whether the strike 
note is, as they phrase it, of psycholegical origin 
—that is, whether the pitch of the strike note is 
determined by the fifth partial, but for some 
reason is nevertheless judged to be an octave 
lower. For this purpose the sound from the bell 
was picked up with a condenser transmitter, and 
the current was then amplified and sent to a 
loudspeaker by means of a system that was very 
free from distortion. Electric filters were em- 
ployed to cut out chosen components of the 
sound. When only the first five partial tones 
from the bell were transmitted the strike note 
was not heard, but when the seventh was also 
transmitted the strike note was heard clearly. 
This experiment seems to show that the seventh 
partial, in addition to the fifth, plays an im- 
portant part in the production of the strike note. 

In another experiment Meyer and Klaes de- 
termined the frequency and intensity of the 
component tones from the bell. This was done by 
using an automatic method of sound analysis 
with the aid of a variable test tone. At one time 
they picked up the sound from the bell with a 
condenser transmitter. The response of the con- 
denser transmitter was linear, and the analysis 
showed no trace of a component at the pitch of 
the strike note. At another time they made use 
of a carbon microphone with a response curve 
somewhat similar to that of the human ear, and 
in this case a tone of considerable intensity was 
found at about 533 cycles/sec.—that is, at about 
the pitch of the strike note. 

This work of Meyer and Klaes supports the 
hypothesis that the strike note is a difference 
tone from the fifth and seventh partials of the 
bell, and is intreduced by the nonlinear response 
of the human ear. 
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CRITICISM OF MY FORMER CONCLUSIONS 


In much of my work I have assumed that the 
strike note of a bell is accurately an octave beloy 
the fifth partial. Justification for this assumption 
is found in a study in which I was assisted by a 
number of musicians.‘ On the other hand Biehle? 
and Griesbacher,* both of whom examined many 
bells, indicate that there may be exceptions to 
this rule, and Meyer and Klaes state that 
exceptions are frequent. Biehle’s statement is not 
definite.’ Griesbacher says it is only in rare cases 
that the strike note of a bell is not precisely an 
octave below the fifth partial. Meyer and Klaes 
state that out of 322 bells on which they had a 
report from a bell founder there were only 49 in 
which the pitch of the strike note was accurately 
an octave below the fifth partial. On 28 bells the 
difference amounted to quarter of a step or more. 

My conclusion that the strike note is not a 
difference tone depended in part on the as- 
sumption that the strike note is always an 
octave below the fifth partial. If this relationship 
should not hold on some of the bells that | 
examined perhaps my 
justified. 


conclusion was not 


First Test. PitcH oF STRIKE NOTE 


From the bells that I had already studied! I 
now selected three on which the octave below the 
fifth partial lay a quarter-step or more below the 
difference tone from the fifth and seventh partials, 
and on these three bells I determined the pitch of 
the strike note. This was done by the use of 


TABLE I. Strike notes of three bells. 





gc } 




















| FORK | 

| | TUNED | 

| | A B TO | 

| StH | 7TH | Octave |DIF. BET.) STRIKE | q 

BELL) PARTIAL} PARTIAL|BELOW 5|7 AND 5| Note | A—C | B-( 

ab | 821.8 | 1244.8 | 410.9 | 423.0 | 399 | 12 24 
d> | 1105.5 | 1683.3 | 552.8 | 577.8 eae | ae] 35 
e> | 1244.6 | 1888.2 | 622.3 | 643.6 607 | 15 | 37 

| | | 








7 Johannes Biehle, Archiv f. Musikwiss. 1, 300 (1919). 
Biehle states that the strike note and the fifth partial are 
an octave apart, and then continues ‘“‘Ich habe gegen 450 
Glocken auf den Tiirmen in Bezug auf diese Erscheinung 
untersucht, und da scheint es, als wenn dieses Oktaven- 
verhaltnis wiederum von der Lage der 1., 3. und 4. Kon- 
stante [partials ] etwas beeinflusst wird.” 

8 P, Griesbacher, Glockenmustk (1927), p. 54. 

®See Table I in reference 5. 
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TABLE II. Accuracy of tuning of Dorothea Carlile Chime on 
each of two bases. 


| ON ON 
| OCTAVE Dir. 
Beit | StH PARTIAL | 71H Partiat BASIS Tone Basis 
eb 611.7 | 921.4 | —17 | an $6 
¢ | @i2 | 1041.9 a 5] a 
g | 773.5 | 1162.7 — 9| —27 
ab | 821.8 | 1244.8 — 5| +19 
a | 876.1 1320.5 + § + 4 
b> 923.8 1385.3 — 2 —32 
c 1038.3 | 1556.0 — 1 — 30 
d> 1105.5 | 1683.3 + 8 +59 
d 1174.0 | 1759.2 +13° —16 
eb 1244.6 1888.2 +13 +45 











adjustable tuning forks, setting the forks for 
different pitches, and deciding by ear whether 
the fork sounded sharper or flatter than the bell. 
The pitch of the strike note is not easy to de- 
termine, and I have already pointed out! the 
difficulty experienced by several musicians in 
deciding whether a tuning fork is a little sharper 
or flatter than the strike note of a bell. 

The results are shown in Table I. The numbers 
given are frequencies in cycles/sec., and the last 
figure in each value has little significance. It will 
be seen that in each of these cases a fork tuned 
to the strike note is somewhat flatter than either 
the octave below the fifth partial or the difference 
tone from the fifth and seventh partials, and 
that the difference is greater in the case of the 
difference tone. 

I have already pointed out‘ that the strike note 
of a bell sounds to me a little flatter than a tuning 
fork which gives the octave below the fifth 
partial. I will return to this difference in a later 
paragraph. 

The numbers in the last column of Table I 
correspond in each case to about one half-step. 
Thus if the strike note is a difference tone I must 
have set the fork half a step flat in order to make 
its pitch sound the same as that of the strike 
note. It hardly seems possible that I could make 
so large an error. 


SECOND TEsT. ACCURACY OF TUNING OF CHIME 


A second test, although less convincing, would 
be to examine the accuracy of tuning attained in 
the bells of some chime (a) if the strike note is an 
octave below the fifth partial, and (b) if the 
strike note is a difference tone from the fifth and 
seventh partials. 
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For the Dorothea Carlile Chime at Smith 
College the test just suggested led to the results 
in Table II. This table includes all the bells of 
the chime except the two smallest, and on these 
two I did not succeed in determining the fre- 
quency of the seventh partial. The second and 
third columns give the frequencies of the fifth and 
seventh partials in cycles/sec., and here again 
the last figure in each value has little significance. 
The last two columns give the number of cents 
by which the pitch of the bell in question is 
sharp or flat when compared with an equally 
tempered scale. The fourth column is calculated 
on the assumption that the strike note is an 
octave below the fifth partial, and the last 
column on the assumption that it is a difference 
tone from the fifth and seventh partials. 

The deviations in the last two columns depend 
on the pitch that is chosen as standard. In this 
table the standard pitch has been so chosen as to 
make the deviations in each of these columns a 
minimum. For the fourth column this leads to 
the standard a3;=437 cycles/sec., and for the 
fifth column to a3;=443 cycles/sec. The Meneely 
Bell Company write me that their aim has always 
been to have the bells in a chime properly related 
in pitch to each other, but that at the time when 
they cast this chime, seventeen years ago, they 
were as yet paying little attention to any precise 
standard of pitch. 

Aside from any question as to standard of pitch 
it will be seen from Table II that the deviations 
from perfect tuning are smaller if the strike note 
is an octave below the fifth partial than if it is a 
difference tone from the fifth and seventh 
partials. In the former case the average of the 
deviations is 8 cents, and in the latter 26 cents. 
The results of this test appear to favor the octave 
hypothesis rather than the difference tone 
hypothesis. 


TuirRD Test. MAjoR THIRD OR MINOR THIRD 
FROM CERTAIN BELLS 


From the last two columns in Table II we see 
that on the octave basis the strike notes of the 
b> and d> bells should give a rather good minor 
third, whereas on the difference tone basis the 
interval should be an equally good major third. 
On either basis the intervals f-b» and bb-c are 
fairly good. Suppose then that a simple melody is 
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played with the use of no bells except f, bp, c and 
dp, and that the db is not employed until a 
feeling for the pitches of the others has been 
established. The use of the db bell will then 
establish the key as b> minor or b> major ac- 
cording as the strike note is determined by the 
octave below the fifth partial or by the difference 
tone from the fifth and seventh partials. 

On making this test I find that the key is 
definitely minor. So far as the b> and db bells on 
this chime are concerned this result seems fatal to 
the difference tone hypothesis. 


FourtH Test. PitcH oF THIRD PARTIAL 


A short time after a bell has been struck the 
third partial sings out very definitely.® On the 
ab, d> and high e> bells of the Dorothea Carlile 
Chime the interval from the strike note up to 
this third partial is somewhat less than a minor 
third if the octave hypothesis is correct, and is 
somewhat more than a major second if the 
difference tone hypothesis is correct. On all three 
of these bells the interval sounds to me to be a 
minor third rather than a major second. This is 
further evidence in favor of the octave hypothesis 
rather than the difference tone hypothesis. 


DISCUSSION OF RESULTS 


All four of the above tests seem to show that 
the strike note is an octave below the fifth partial 
rather than a difference tone from the fifth and 
seventh partials. The test dealing with the 
accuracy of tuning of the chime would be the 
least conclusive if it were not also the one that 
depends least on my personal judgment. The 
tests based on the interval from the b> bell to 
the db bell and on the interval from the strike 
note to the third partial seem to me rather 
conclusive for the bells in question. 

On the bell examined by Meyer and Klaes the 
strike note, the octave below the fifth partial, 
and the difference tone from the fifth and 
seventh partials, are unfortunately all of so 
nearly the same pitch that no definite conclusion 
on this particular point can be drawn from their 
work. 

It is entirely possible that on bells of differing 
shapes the strike note may be produced in 
different ways. In some bells the strike note seems 
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definitely to be an octave below the fifth partial. 
Is it perhaps possible that in other bells the 
strike note is determined by the second partial? 
Simpson,!° who examined a considerable number 
of bells, gave reasons for believing that when 
English tuners tuned a peal of bells they tuned 
the fifth partials and paid little attention to the 
second partials, whereas continental tuners paid 
most attention to the second partials. Some 
founders are now tuning the first five partials of 
their bells, and when this is done the aim is to 
have the second partial precisely an octave below 
the fifth. On the six largest bells of the Dorothea 
Carlile Chime, and on a number of other bells 
that I have examined, the second partial js 
somewhat flatter than the octave below the fifth 
partial, the interval between these pitches 
varying from more than a major second to less 
than half that amount. 

If some bells are so shaped that the second 
partial is the most prominent when the bell is 
first struck, it at least is true that any such 
special prominence of the second partial is at 
present purely hypothetical. But if it should 
prove that this is the case then on such bells the 
second partial might itself be the strike note, 
and the strike note might then differ in pitch 
from the octave below the fifth partial. 

On some bells we know® that when the bell is 
first struck the second partial is weak and the 
fifth is the strongest. On these bells the pitch of 
the strike note, aside from the octave in which it 
lies, seems to be determined by the fifth partial. 
Now the study by Meyer and Klaes seems to 
show that the seventh partial is also important 
in the production of the strike note. Moreover, 
it is well known that a simple tone may often be 
judged an octave higher or lower than the pitch 
given by its actual frequency. Thus it is possible 
that the from the fifth and 
seventh partials of a bell, introduced by the 
nonlinear response of the human ear, and lying in 
the neighborhood of an octave below the fifth 
partial, causes the pitch of this prominent fifth 
partial to be judged as that of a tone an octave 
lower. This at least seems at present to be the 


difference tone 


best hypothesis as to the origin of the strike 
note. 


Canon A. B. Simpson, Pall Mall Magazine, Oct. 
(1895) and Sept. (1896). 
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APPENDIX 


Harmonic Overtones from Tuning Forks 


Griesbacher! found that the strike note of a bell can 
be elicited by a tuning fork of the same pitch. The fork 
is struck and then pressed against the lower part of the 
bell in such a way as to have only a small area of contact. 
[| have shown! that in this case the octave from the fork 
is in all probability really eliciting the fifth partial of the 
bell. : 

In this connection, and with reference to the fourth 
column in Table I, I quote from one of my former papers:* 
“Although a fork tuned to the octave below the fifth 
partial sounds to me a little sharper than the strike note, 
I find that a fork thus tuned brings out the strike note, 
and that a fork tuned so that it sounds to me to have 
more nearly the pitch of the strike note does not bring it 
out so well. This result is further evidence that the strike 
note is an octave below the fifth partial.” 

A recent letter from Jan Arts, teacher of music in the 
Instituut Huize Ruwenberg at St. Michiels-Gestel, says 
that he has been able to bring out partial tones from bells 
by the use of a fork tuned either to the octave below the 
tone or to the twelfth below it. Since receiving his letter 
I have been able on several bells to obtain the same 
effect, and even to bring out the tone by a fork tuned to 
the double octave below it. A little care in manipulation 
is required, especially with a large fork and the double 
octave. If the fork is struck vigorously, either before it is 


1 P, Griesbacher, Glockenmusik (1927), pp. 53-55. 


pressed against the bell or afterward, the stem simply 
rattles against the bell. But if the fork is struck more 
gently, and if care is used, the tone from the bell sings out 
definitely. 

I have tried to pick up these harmonic overtones of a 
tuning fork by means of beats. That is—without any use 
now of bells—I have tuned one fork to a frequency close 
to the octave, twelfth, or double octave of another fork, 
and then when both forks were sounding I have listened 
for beats. In the case of the octave the beats are sufficiently 
distinct to be used for tuning, but in the neighborhood of 
the twelfth and double octave the beats, if they exist, are 
so faint that I have not been certain that I detected them. 
Thus a fork does, as is well known—and in this case when 
not mounted on a box—give out faintly its octave, but 
any twelfth or double octave that it may give must be 
extremely faint, if it is present at all. 

How then can a fork bring out a bell tone which is the 
twelfth or double octave of the pitch from the fork? The 
stem of the fork vibrates longitudinally, and its most 
important frequency is the fundamental frequency of the 
fork. But the force with which the stem acts on the bell 
may not be quite simple harmonic. For instance, the fork 
may be pressed against the bell so lightly that the contact 
is not maintained throughout the vibration. Thus, if the 
impulses from the fork come at intervals of two, three, or 
four cycles of some natural frequency of the bell it is 
clear that that frequency may be elicited. 
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Acoustical Society News 


HE New York meeting of the Acoustical Society, held 
October 29-31, was a most significant occasion. 
“This October 1936 meeting was a fitting celebration of the 
fifth anniversary of the American Institute of Physics. It 
is not easy to realize the full significance of this meeting. It 
was the first meeting fully representative of the entire 
science of physics and its applications to have been held in 
America for many years. In the interval, the whole great 
development which we call the rise of modern physics has 
taken place. It has brought with it entire new technologies 
and a reliable promise of more yet to come. The technical 
problems of industry, however, seldom find adequate 
solutions in any one of these. Reflecting nature, they fail to 
recognize boundaries between fields of thought. The 
underlying theme of the anniversary meeting, therefore, 
was first to emphasize coordination of the branches of 
physics and second to encourage their joint application to 
industrial research.’’ Details of the meeting are given in the 
extensive program mailed to members of the Acoustical 
Society in October. 

Following the general meetings of the Institute, the 
Acoustical Society held separate sessions for the discussion 
of papers, the program being published elsewhere in this 
issue. 

The two papers on archiiectural acoustics given by 
Professor Erwin Meyer were particularly important and 
interesting. The Acoustical Society is indebted to Mr. S. K. 
Wolff for his efforts in bringing Dr. Meyer to this country. 
At the luncheon given in his honor, Dr. Meyer gave a 


humorous response to the welcoming speeches of Mr. Wolf 
and President Sabine that added decidedly to the goog 
fellowship of the meeting. 

The success of the New York meeting was due to the 
efforts of various committees. Dr. O. E. Buckley of the Bel] 
Telephone Laboratories was chairman of the general 
committee on arrangements. The Acoustical Society was 
represented on this committee by John S. Parkinson, 
Mrs. Harvey Fletcher was chairman of the committee on 
entertainment of the ladies. Dr. John C. Steinberg was 
chairman of the committee on program and arrangements 
for the Acoustical Society meeting. 

The next meeting of the Acoustical Society will be held 
in Washington, D. C., May 3 and 4. The chairman of the 
committee on program and arrangements is Mr. VY, L. 
Chrisler of the National Bureau of Standards. 


CURRENT PUBLICATIONS ON ACOUSTICS 


N important new department of this journal js 

being inaugurated under the above heading, 
which will include reviews of important acoustic pub- 
lications appearing in other journals, both foreign and 
domestic; tables of contents of journals with acoustic 
interests; and reviews of current books on acoustics. This 
department will be conducted by Professor F. A. Firestone, 
University of Michigan, Ann Arbor, Michigan, who has 
consented to take charge of this interesting work. Com- 
munications concerning the department should be ad- 
dressed to him. 


(em 


New MEMBERS ELECTED SINCE May 5, 1936 





ATTELL BALDWIN ANDERSON 
2649 East 28th Street, 
Brooklyn, New York 
BENJAMIN BAUMZWEIGER 
Shure Brothers, 225 W. Huron Street, 
Chicago, Illinois 
SIDNEY BLOOMENTHAL 
U. S. War Department, 
Frankford Arsenal, 
Philadelphia, Pennsylvania 
LEIGHTON E. CALDWELL 
9701 Lamont Avenue, 
Cleveland, Ohio 
BEECHER BANCROFT CARY 
114 N. Bowen Street, 
Jackson, Michigan 
James R. CRAIG 
Shure Brothers, 225 W. Huron Street, 
Chicago, Illinois 
GEORGE F. DRAKE 
5109 Jacob Street, 
Rockford, Illinois 
MarkK B. GARDNER 
Bell Telephone Laboratories, 
463 West Street, 
New York, New York 


RALPH GLOVER 
7424 Phillips Avenue, 
Chicago, Illinois 

LAMAR E. HAyYSsLETT 
The Rudolph Wurlitzer Mfg. Co., 
North Tonawanda, New York 

PauL HUBER 
Proving Ground, 
Milford, Michigan 

Joun HisatuGu KANo 
1495 Araijiku 2 Tyome Omori-ku, 
Tokyo, Japan 

MERVIN J. KELLY 
Bell Telephone Laboratories, 
463 West Street, 
New York, New York 

KARL KRAMER 
Jensen Radio Mfg. Co., 
6601 S. Laramie Avenue, 
Chicago, Illinois 

ARTHUR M. LEISSA 
4310 Clybourne Avenue, 
Cleveland, Ohio 

ROBERT BrucE LINDSAY 
Department of Physics, 
Brown University, 
Providence, Rhode Island 
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Henry C. Loms 
133 E. 80th Street, New York, New York 
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STANLEY D. LIVINGSTON 
6 Varick Street, 
New York, New York 


WAYLAND CLINTON MARLOw, Jr. 
1723 South Washington Street, 
Kokomo, Indiana 


CHARLES HOLLIS RANDOLPH 
1925 North Prospect Avenue, 
Milwaukee, Wisconsin 


MICHAEL RETTINGER 
1438 E. 18th St., 
Los Angeles, California 


HERMON HosMER Scott 
149 Sycamore Street, 
Winter Hill, Massachusetts 


HERBERT SMALL 
6020 Drexel Avenue, 
Chicago, Illinois 


Eric OSBORNE WILLOUGHBY 
‘% Messrs Paterson, Simons & Co., Ltd., 
No. 2, Prince Street, 
Singapore, S. S. 


CLARENCE R. JACoBs 


76-66 Austin Street, 
Forest Hills, New Yoik 
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Book Review 


Psychology of the Vibrato in Voice and Instrument. 
(Studies in the Psychology of Music, Vol. III.) Carr 
E. SEASHORE. Pp. 159, Figs. 35. University Press, 
lowa City, lowa, 1936. Price $1.75. 


An increasing number of studies are appearing which 
attempt to bridge the ground between acoustic theory and 
its practical application in musical art. Since art, both in 
conception and appreciation, requires a mental and 
emotional approach, such studies have much to do with 
psychology, and logically lead eventually into aesthetic 
theory. As borderline studies, they have frequently had an 
orphan existence. Scientists have shied, musicians have 
scoffed. Happily, these studies now receive from both 
camps a bit more respect than formerly. For many years 
a group at the University of Iowa, under the inspiring 
leadership of Dean Seashore, has contributed to this field, 
and this present ‘“‘abridgment” brings up to date their 
researches in the vibrato, that most important but little- 
realized musical ornament. 

The first chapters describe the highly developed tech- 
niques for recording and graphing vibrati. These are 
followed by critical analyses of the data and tentative 
statements of norms. Most of the space is given to the 
vocal vibrato, but instrumental types have also been 
studied. The remainder of the work discusses the psycho- 
logical and aesthetic aspects, such as the illusions making 
for beauty of the vibrato, the expression of feeling, etc. 
The book closes with a prophetic but vulnerable definition 
of the vibrato of the future. Many of the conclusions are 
so opposed to accepted ideas that they will seem unbe- 
lievable to musicians and scientists who have not followed 
these developments. Among these are the facts that the 
vibrato is normally present in 95 percent of tones sung, 
as well as in portamentos, attacks and releases; that great 
singers practically never hold an even true pitch; that the 
pitch band as heard is very much less than that physically 
produced; that pitch and intensity vibrati cannot be 
distinguished by fine musicians; and that the type of 
vibrato does not vary appreciably with various emotions. 
Such facts have far-reaching implications for general 
aesthetic theory. 

The reviewer takes exception to the explanation that a 
sharp resonance region in the mouth cavities can be 
responsible for producing a timbre variation by the 
variations of resonance of the overtones, caused by the 
pitch modulation. Such damped resonators as the mouth 
could not be sharp enough to account for the tremendous 


variations in timbre observed in records of strong male 
voice vibrati. Another question arises as to the author’s 
statement that the volume will probably have its largest 
field of usefulness in music “ear-training’’ classes. Aside 
from the fact that, important as the vibrato is, in the 
typical conservatory these classes are concerned with 
many problems more elementary and important to the 
future teacher or performer, it is to be questioned whether 
such an over-emphasis and drill on one’s perception of 
vibrato characteristics as suggested, will not do violence 
to the necessary capacity for subjective, emotional ‘‘musi- 
cal’ listening. If we are to become ‘‘vibrato-conscious” 
through drill, phonograph record tests, and metronome- 
training techniques, valuable as they are, will we lose 
some of the beauty from a phenomenon which is most 
effective when unconscious in both performer and listener? 
Will not the analysis of vibrato be always limited to a 
small field, such as the graduate students in aesthetics or 
the occasional rare analytically-minded music teachers? 
These are questions which the reviewer cannot answer, 
and are only minor criticisms of a volume which is filled 
with worthwhile material, is far ahead of anything else in 
its field, and will probably contribute greatly to the growing 
understanding between acoustic science and musical art. 
WILMER T. BARTHOLOMEW 





PUBLICATIONS RECEIVED 


Vibration and Sound. Puitip M. Morse. International 
Series in Physics, McGraw-Hill Company, 1936. Price 
$4.00. 

A Survey Course in Physics. C. F. Eyrinc. Prentice- 
Hall, Inc., 1936. Price $3.09. The chapters on sound con- 
tain a novel treatment of the subject based on Dr. Eyring’s 
researches in this domain. 

Revue Generale D’Acoustique Psycho-Physiologique. 
H. Preron, University of Paris. L’Annee Psychologique, 
1934. (In French.) A thirty-page review of the psycho- 
physiological investigations in acoustics. 

Newer Concepts of the Pitch, Loudness and Timbre of 
Musical Tones. HARVEY FLETCHER. Journal of the 
Franklin Institute 220, 405-429, October (1935). 

Recent Progress in the Acoustics of Sound Recording 
and Reproduction for Motion Pictures. F. L. Hunt. 


Review of Scientific Instruments 7, 323-328, September 
(1936). 
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Program of the Sixteenth Meeting of the Acoustical Society of America 


OcTOBER 29-31, 1936 


Hotel Pennsylvania, New York City 


FRIDAY, OCTOBER 30, 2:30 P.M. 


1. Transmission of Sound and Vibrations in Buildings. 
ERwIN MEYER. Institut fuer Schwingungsforschung, Berlin. 
(45 min.)—Three problems are discussed: The insula- 
tion from air-borne sound by multiple walls. Structure- 
borne sound transmission. Measurements of vibrations by 
electrical apparatus. 

It is known that a single wall vibrates almost as a mass, 
provided its lowest natural period is much lower than the 
sound frequencies. Therefore a series of single walls with 
air-spaces between them act as a mechanical low pass 
filter, with a cut-off frequency and sound dispersion. But 
these properties are only present, if the component vibra- 
tions in the air-space, parallel to the wall are damped. A 
multiple wall of this kind with a low cut-off frequency has a 
very large transmission loss. 

Building materials propagate sound very well. Their 
small transmission losses (hysteresis) are investigated by a 
resonance method. To obtain a loss of 1 db material lengths 
from 10-100 m or more are required. Materials such as 
rubber or cork are used to avoid the sound propagation in 
buildings. Their dynamical properties (elasticity modulus 
and loss factor) are tested by a special electrodynamical 
vibrometer. 

With a mechanical apparatus the displacement or the 
acceleration of the ground is determined. The method, 
which measures the velocity amplitude (obtained from a 
low resonance-frequency electrodynamical apparatus) is to 
be preferred. An easily portable apparatus of this kind has 
been constructed. The average value of the vibrations of 
buildings due to traffic is 3.10-* cm/sec. The average vibra- 
tion frequencies can also be determined. In the horizontal 
direction buildings oscillate mainly in two ways, as a whole 
or with one node. 


2. The Measurement and Analysis of Ship Vibration. 
J. E. TWEEDDALE, Electrical Research Products, Inc., New 
York, N. Y. (20 min.) 


3. Sound Analysis. HArry H. Hai, Cruft Laboratory, 
Harvard University. (20 min.)—Instruments for sound 
analysis may be grouped into five classes—graphic, reso- 
nance, heterodyne, stroboscopic, and diffraction analyzers. 
The operation of each type of instrument is briefly described 
and examples of analyses performed by 
methods are presented. 

From the point of view of analysis sounds may be classi- 
fied roughly into four groups: 


the various 
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(1) Steady state sounds or sounds which may be main. 
tained at constant fundamental frequency, constant 
intensity and unvarying quality for long enough to 
carry out the analysis. 

) Sounds which are essentially transient in nature. 

Sounds which may be maintained constant on the 

average but whose frequency, intensity and wave form 

are modulated at a constant frequency. 

(4) Noise, or sounds which are entirely random in form but 

which are continuously maintained. 


why 


The sound spectra corresponding to each group are de- 
scribed and the application of the various types of instru- 
ments to the analysis of these spectra is discussed. 


4. The Harmonic Structure of Violin Tones. Arnoip 
SMALL, State University of Iowa. (20 min.)—Violin tones 
covering the greater part of the playing range of the instru- 
ment have been subjected to harmonic analysis. The 
analyses included normal tones and ‘‘harmonics,”’ which 
were studied with a variety of technical playing conditions 
obtaining, for example, variable point of contact between 
bow and string, sympathetic vibration of unstopped strings, 
constant pitch but with change of string, variable pitch on 
each string, and recording in a music studio and a ‘‘dead” 
room. The results show (1) that change in point of contact 
between bow and string effects a characteristic variation in 
harmonic structure; (2) that harmonic constitution varies 
with the introduction of sympathetic vibration of open 
strings; (3) that not only do tones of the same pitch played 
on different strings vary in harmonic structure but also 
different pitches played on the same string; (4) that the 
lower natural harmonics are not essentially different in 
structure from fully-stopped tones of the same pitch and 
same string; (5) that the higher natural and artificial 
harmonics are not pure tones but approach a much greater 
degree of purity than do most normal tones. 


5. Direct Recording and Reproducing Materials for 
Disk Recording. A. C. KELLER, Bell Telephone Labora- 
tories, Inc. (30 min.)—Recently materials for direct record- 
ing and reproducing work have been improved so that they 
are now suitable for many uses. These materials, as they 
are available on the market, are classified chemically into 
five groups and measurements are given of frequency 
characteristic, surface noise, life, distortion, etc. These 
data have been taken with both lateral and vertical record- 
ing. A short aural demonstration will be given of typical 
recording of materials of each group. 
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6. Violin Intonation. Pau, C. GREENE, State University 
of Iowa. (20 min.)—The purpose of the study was to deter- 
mine whether violinists, in unaccompanied performance, 
typically play in either the natural or the equally tempered 
musical scale, and if not, whether they tend system- 
atically to expand or contract musical intervals as com- 
pared with their theoretical magnitudes. Six professional 
violinists participated in the investigation. Unaccompanied 
performances of three standard violin selections were re- 
corded by an oscillographic technique. The average funda- 
mental frequency of the main body of each of the tones was 
measured, and interval extents then were computed. The 
major part of the study was limited to an analysis of five 
intervals—major and minor seconds, major and minor 
thirds and perfect fourths. Tests of reliability of measure- 
ment showed that the largest expected error of measure- 
ment (+3 SDs) for any given frequency was approximately 
0.03 tone, but in at least 78 percent of the cases, measure- 
ments were statistically significant to 0.01 tone. 

The major findings were: (1) The six violinists typically 
performed in neither the natural nor the equally tempered 
scale. (2) As compared with both natural and equally 
tempered intonation, major seconds and major thirds 
tended to be expanded, minor seconds and minor thirds on 
the average were contracted, and perfect fourths tended to 
approximate the theoretical scale values for that interval. 
(3) The average extent of each of the five intervals ap- 
proximated its theoretical magnitude in Pythagorean in- 
tonation. 


7. The Measurement of Timbre. Don Lewis AND 
M. J. LARSEN, State University of Iowa. (30 min.)—Re- 
search designed to measure timbre as a function of har- 
monic structure, frequency level, and intensity level is in 
progress. This paper, the first of a series of projected reports, 
includes a description of apparatus, a brief discussion of 
problems of measurement, and a summary of some of the 
data already secured. 

The apparatus consists mainly of an electrostatic gener- 
ator, described in part elsewhere.'! This instrument pro- 
duces complex tones constituted of desired combinations of 
any or all of sixteen consecutive harmonics, the frequencies, 
intensities, and phase relationships of which are subject to 
control. Each harmonic is reasonably free from stray com- 
ponents. A calibrated Western Electric 555 receiver is used 
with the generator. The current flowing through the re- 
ceiver (current being proportional to the r.m.s. value of 
pressure developed in the ear canal) is measured with a 
vacuum tube voltmeter. As many as five different test 
tones, each to be paired a required number of times with a 
suitable standard tone, may be set up in advance for ran- 
dom presentation to a listener. When adjustment is com- 


plete, a test series may be run more or less automatically. 
To avoid undesirable transients which arise when tones are 
interrupted suddenly, the circuit is arranged to. start and 
stop the tones gradually. Considered as a whole, the appa- 
ratus meets experimental requirements fairly adequately. 


Several problems arise in connection with attempts to 
measure timbre. One of the most perplexing of these is the 
choice of meaningful criteria (preferably a single criterion) 
in terms of which two timbres can be differentiated. Other 
important problems have to do with choosing suitable 
standard tones, with finding methods of obviating possible 
changes in pitch and loudness when harmonic structure is 
altered, and with deciding whether individual harmonics 
should be adjusted in terms of intensity level, sensation 
level, or loudness level. It is admitted that rather arbitrary 
decisions were sometimes made. 

Most of the investigations to date have dealt with the 
measurement of what are called masked absolute thresholds 
and masked differential thresholds. When a single harmonic 
is raised in intensity level until it is barely perceptible in 
the presence of other harmonics, its intensity level at that 
point is called its masked absolute threshold. The amount 
that a single harmonic, already at or above its masked ab- 
solute threshold, must be raised in intensity level in the 
presence of other harmonics to give rise to a just perceptible 
change is called its masked differential threshold. Masked 
absolute and masked differential threshold values are held 
to be measures of the sensitivity of the ear to timbre dif- 
ferences. Data at hand show that discrimination varies with 
both frequency level and intensity level, in addition to its 
variation with harmonic structure. Particularly close is the 
relationship between masked differential thresholds and 
harmonic structure. It is likely that masked absolute thresh- 
olds vary with phase, but evidence on this point is too 
fragmentary to warrant a definite conclusion. 

1 Electrical Engineering, September, 1935 


8. The Dependence of Hearing Impairment on Sound 
Intensity. JoHN C. STEINBERG AND M. B. GARDNER, 
(20 min.)—Although hearing impairment is ordinarily 
measured for tones of threshold intensity, attention has 
recently been turned to the measurement of impairment 
for tone levels above threshold. It has been found that some 
people may have an appreciable hearing impairment for 
threshold sounds yet hear normally for loud tones. Others 
show the same hearing impairment at all levels of sound 
intensity. 

Loudness studies indicate that the variable or recovery 
type impairment should occur if the impairment is due to 
an atrophy of nerve fibers, and hearing losses calculated 
on this assumption are quite similar to observed losses. 
From this viewpoint the hearing loss caused by the presence 
of a masking noise should be of the variable type which was 
found to be the case. 

Thus the often made statement that deafened people 
hear better in noisy places turns out to be true when the 
deafness is of the variable or recovery type. The implication 
of the statement that the noise as such improves the hearing 
however, is wrong. 


9. An Investigation of Subjective Tones by Means of 
the Steady Tone Phase Effect. J. D. TRIMMER AND F. A. 
FIRESTONE, University of Michigan. (20 min.)—An observer 
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listens with one ear to a combination of two pure tones. 
One is a loud 100-cycle tone, the other is a weaker 200- 
cycle tone. A phase relation between the two tones can be 
found such that the loudness of the two tones together is 
about one decibel less than the loudness of the fundamental 
alone. This is an example of the steady tone phase effect, in 
which a fundamental and one of its harmonics are heard 
together, the phase relation between the tones, as well as 
the pressure level of the harmonic, being subject to arbi- 
trary control by the observer. 

This effect was studied with a fundamental of 100 cycles 
kept at a sound pressure level of 104 db above 0.0002 
dyne/cm?*. Harmonics up to the fifth were used, with par- 
ticular emphasis on the second and third. Measurements 
of the phase of the harmonic sound pressure giving mini- 
mum loudness averaged approximately 180° for the second 
harmonic and 0° for the third (epoch angle of cosine func- 
tions relative to fundamental). Loudness measurements at 
these phase settings showed the loudness of the combined 
fundamental and harmonic to be about 1 db less than that 
of the fundamental alone. 180° from the phase of minimum 
loudness the loudness of the combined tones was about 
1 db greater than that of the fundamental alone. The 
variation of quality with phase relation was also studied. 

Interesting variations between observers were investi- 
gated and attributed partly to psychological and physio- 
logical differences in individuals. But consideration of all 
the data obtained points to the conclusion, supported by 
theory, that the phase effect is a more complicated phenom- 
enon than has commonly been assumed. Since this effect 
has been the basis for many studies of subjective tones, the 
concept of subjective tones is analyzed and interpreted in 
a new light. 


10. The Nature and Origin of Aural Harmonics. E. B. 
NEWMAN, Swarthmore College AND S. S. STEVENS, Harvard 
University. (20 min.)—Problems as to the nature and origin 
of the aural (subjective) harmonics, tones which are heard, 
but which are not present in the sound wave outside of the 
ear, have concerned musicians and scientists for many 
years. It is customary to assume that these harmonics arise 
because of non-linearity in the functioning of the middle 
ear. Their magnitudes have been measured by indirect 
means, such as the method of best beats, but there has been 
no adequate direct study. 

We have used several means to attack this problem. 
(1) The minimum amount of distortion (2nd harmonic) 
which the ear can detect in a tone was studied by determin- 
ing the thresholds for the second harmonic when it is 
added, outside the ear, to a pure fundamental in various 
phase relations. (2) Since it is possible to pick up from the 
cochlea an electrical potential which gives a good indica- 
tion of the functioning of the auditory mechanism, we 
made an analysis and measurement of the harmonic com- 
ponents present in the cochlear response of animals under 
normal and certain abnormal conditions. (3) The phase 
relations of the harmonics in the cochlear response were 
determined with the aid of a cathode-ray oscillograph. (4) 
Externally generated harmonics were added to the funda- 
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mental in various phase relations both for human and 
animal subjects. 

The results show that, for purposes of analysis, we can 
distinguish two sources of aural harmonics. The odq 
harmonics arise, from non-linearity, when the amplitude of 
vibration approaches the elastic limit of the ear. The even 
harmonics are due to an asymmetry produced by tension of 
the muscles of the middle ear, and consequently, their 
magnitudes can be experimentally controlled. 

Professor Hallowell Davis aided in the work on animals, 


11. A Scale for the Measurement of the Psychological 
Magnitude Pitch. J. VOLKMANN AND S. S. Stevens, 
Harvard University AND E. B. NEWMAN, Swarthmore 
College. (20 min.)—A subjective scale for the measurement 
of pitch was constructed from determinations of the half. 
value of pitches at various frequencies. This scale differs 
from both the musical scale and the frequency scale, neither 
of which is subjective. Five observers fractionated tones of 
10 different frequencies at a loudness level of 60 db. From 
these fractionations a numerical scale was constructed which 
is proportional to the perceived magnitude of subjective 
pitch. In numbering the scale the 1000-cycle tone was as- 
signed the pitch of 1000 subjective units (mels). 

The close agreement of the pitch scale with an integra- 
tion of the differential thresholds (DL’s) shows that, unlike 
the DL’s for loudness, all DL’s for pitch are of uniform sub- 
jective magnitude. The agreement further implies that 
pitch and differential sensitivity to pitch are both recti- 
linear functions of extent on the basilar membrane. 

The correspondence of the pitch scale and the experi- 
mentally determined location of the resonant areas of the 
basilar membrane suggests that, in cutting a pitch in half, 
the observer adjusts the tone until it stimulates a position 
halfway from the original locus to the apical end of the 
membrane. 

Measurement of the subjective size of musical intervals 
(such as octaves) in terms of the pitch scale shows that the 
intervals become larger as the frequency of the mid-point 
of the interval increases (except in the two highest audible 
octaves). This result confirms earlier judgments as to the 
relative size of octaves in different parts of the frequency 
range. 


12. On Hearing by Electrical Stimulation. S. S. STEvENs, 
Harvard University. (20 min.)—The well-known fact that 
the ear generates an electric potential in response to stimu- 
lation by a sound wave has its counterpart in the fact that, 
when an alternating current is passed through the head, an 
auditory sensation results. The observer hears a tone 
whose pitch is determined by the frequency of the alternat- 
ing current. 

Measurements were made of the power needed to elicit a 
sensation using currents of various frequencies. The power, 
rather than the simple voltage or current was measured, 
because the body presents a complex impedance to the 
current. The total impedance, when the electrodes are ap- 
plied in a standard manner, decreases with increasing fre- 
quency. The power factor varies slightly with frequency. 
When the power is increased about 20 db above the thresh- 
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old value, the threshold of electric shock—a stinging sensa- 
tion—is reached. This effect severely limits the size of the 
auditory area under electrical stimulation. 

The amount of distortion present makes it difficult to, 
understand speech when the observer is connected directly 
to the output circuit of a radio set, but music can be readily 
identified. The rectification producing this distortion ap- 
pears to be largely electrical. 

It is probable that the alternating current sets up vibra- 
tions in the inner ear due, perhaps, to a residual charge on 
the basilar membrane which makes it behave as a condenser 
microphone. 


13. Detection and Location of Laminations in Steel 
Plates. Harvey C. Haves, Naval Research Laboratory, 
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Anacostia Station, Washington, D. C-—Laminations in the 
plating and other members of fabricated steel structures 
cause weaknesses and failures in present welded junctions 
that did not occur in the case of riveted joints. Thus the 
need has arisen for some effective method and means for 
detecting such flaws in structural steel material. Simple 
theoretical considerations predict that the presence and 
location of such laminations can be determined by the 
distortion which they produce in sand patterns formed on 
the plates when they are thrown into various types of 
mechanical resonance. Practical tests have substantiated 
these predictions in the case of plates of different form and 
thickness. 
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Luncheon of the Acoustical Society of America in honor of 
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A word of response. ERWIN MEYER 
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14. Reverberation and Absorption. ERwin MEYER. 
Institut fuer Schwingungsforschung, Berlin. (45 min.)—We 
distinguish between geometrical and dynamical acoustics of 
rooms, which both have to be considered to obtain good 
quality of speech and music. Using a simple automatic 
method of recording the sound decay on an instrument with 
a logarithmic scale, concert and auditory rooms with and 
without audience are acoustically investigated. 

Generally the sound absorption materials are tested in 
reverberation chambers. The results of different laboratories 
are not in agreement, the reasons being probably, that the 
rooms are small and that geometrical instead of diffuse 
sound reflection occurs. Comparison tests therefore have 
been made in the reverberation chamber of the Institute 
and in the intake chamber (Wasserschloss) of a big hydro- 
electric power station: this chamber had a size of 13,000 m? 
and an average reverberation time (60 db) of 40 sec. The 
results are discussed. It is interesting to make similar 
experiments in optics with ‘‘Ulbricht” balls. These experi- 
ments show that it is only possible to measure absorption 
coefficients of light in boxes with scattering walls. Therefore 
a model reverberation chamber was built with interchange- 
able walls reflecting either geometrically or diffusely. Under 
“diffuse” conditions the results were more in agreement 
with theory. For practical measurements it seems best to 
standardize the measuring device. 

Finally special kinds of nonporous flexible sound ab- 
sorbing materials are discussed. It is shown, that these 


materials in connection with an air space very strongly 
absorb the low and middle-pitched tones. 


15. Finite Acoustic Filters. R. B. Linpsay, Brown 
University. (20 min.)—Most of the previous theoretical 
work on acoustic filtration has dealt with idealized infinite 
structures. The present paper is a theoretical study of finite 
filters such as are used in practice. Considering an acoustic 
structure with air as the medium with main line impedance 
Z and with m branch impedances Z (pure reactances) 
equally spaced at intervals 2/, it develops that one can 
express the power transmission ratio for the structure in the 
simple form 


P 1 / (1+ Z? sin? “-) (1) 
= 4|Z,|2 sin? W/’ : 
where cos W=cos 2k1+7Z/2Z,-sin 2kl, (2) 


the familiar parameter of the transmission theory of 
filtration.! The plot of P, in (1) as a function of frequency 
shows the presence of transmission and attenuation bands 
which approach those of the corresponding ideal infinite 
case as n becomes large compared with unity. Comparison 
of (1) with the actual transmission measurements of 
Stewart and Lindsay (ibid., pp. 170, 175) shows satis- 
factory agreement. 

The phase change which occurs between successive 
sections in a filter is also computed and it is shown that 
unlike the situation in the infinite case the phase change is a 
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function of the section. However, at relatively high fre- 
quencies and for iarge » this approximates to the total 
phase change along the structure divided by x. Comparison 
with such experimental results as are at present available 
yields reasonably satisfactory agreement. 


1Stewart and Lindsay, Acoustics, p. 334. 


16. Theory of the Haskell Organ Pipe. ARTHUR TABER 
Jones, Smith College. (20 min.)—Some twenty-five years 
ago William E. Haskell patented an organ pipe which has 
the characteristics of an open pipe of the usual form but is 
considerably shorter. The pipe is similar to an ordinary 
open pipe with a smaller tube, closed at the top, mounted 
inside of it. The pipe gives the same overtones that are 
obtained from an ordinary open pipe of length equal to the 
sum of the lengths of the main pipe and the inserted tube. 
No theory of the Haskell pipe appears ever to have been 
published. 

The pipe is here regarded as made up of three parts: 
(1) The main pipe up to the bottom of the inserted tube, 
(2) the inserted tube, (3) the part of the main pipe that 
surrounds the inserted tube. Suitable boundary conditions 
are introduced, and a general equation for the frequencies 
of the normal modes of vibration is obtained. If the inserted 
tube ends at the top of the main pipe, and if the cross- 
sectional area of the inserted tube is half that of the main 
pipe, the equation reduces to that for an open pipe of the 
length stated above. 


17. The Vibrating String Considered as an Electrical 
Transmission Line. Winston E. Kock,* The Indian 
Institute of Science, Bangalore, India. (20 min.)—An analogy 
is drawn between the piano string and an electrical trans- 
mission line, utilizing a different correlation than is cus- 
tomary in usual electro-acoustical analogs. The current 
in the line is compared with the displacement and the 
voltage is compared with the momentum. With this cor- 
respondence the highly developed treatment of transmission 
lines becomes applicable to the piano string. The various 
cases discussed include: Open circuited line with and 
without attenuation (i.e., ideal and actual string with ends 
rigidly fixed), terminated line (string affixed to bridge of 
sound board), electrical impulse introduced (impact of 
piano hammer). A relaticn is derived giving the optimum 
position of striking point for a given ratio of hammer mass 
to string mass, and this is shown to agree with the results of 
George and Beckett. The appearance of the mth harmonic 
when the string is struck at 1/nth of its length is explained, 
likewise the advantages of the modern practice of high 
string tensions. Conclusions are drawn concerning imped- 
ance matching (string to soundboard) and the velocity of 
propagation for different frequencies. 


* Of the Research Staff of the Baldwin Piano Company, Cincinnati. 


18. Combination Horn and Direct Radiator Loud- 
speaker. H. F. OLson AND R. A. HACKLEY, RCA Manu- 
facturing Company, Inc., Camden, New Jersey. (20 min.)— 
A loudspeaker is described consisting of a long horn coupled 
to one side of a small dynamically driven cone for the 
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reproduction of low frequencies and an acoustic filter for 
changing the output from the horn to the open side of the 
cone for the reproduction of the mid and high frequency 
range. A theoretical analysis shows the action of the system, 
Experimental data substantiates the theory. 


19. The Effect of High Intensity Sound on Smokes ang 
Other Aerosols. G. R. Tatum, Cruft Laboratory, Harvard 
University. (20 min.)—When smoke or other aerosols are 
placed in a resonance tube driven by a strongly vibrating 
source the particles are aggregated rapidly. In the jp. 
vestigation reported at this time magnetostrictive sources 
of frequencies 11.3 to 22 kilocycles per second were placed 
at the lower end of a vertical resonance tube into which 
either water vapor, cigarette smoke, or titanium tetra- 
chloride smoke was introduced. The aggregated particles 
which are suspended at certain stationary positions in the 
tube, form large ‘‘disks’’ and ‘‘thimbles.’’ Some of the 
‘‘disks”’ are oriented horizontally, while others have vertical 
orientation. The vertical ‘‘disks’’ are formed in sets of three 
equally spaced about the axis of the resonance tube. The 
process of aggregation is illustrated by means of motion 
pictures. 


20. Spherical Torsion Pendulum as Supersonic Radia- 
tion Pressure Meter in Liquids. EL1As KLern, Naval 
Research Laboratory. (20 min.)—Following King’s theo- 
retical work,! a series of measurements has been carried 
out with bronze spheres varying in diameter from } to 1} 
inches. In plane stationary waves in water at frequencies 
between 100 and 200 kc. King’s predicted dependence of 
radiation pressure on the location of the spheres relative to 
the position of nodes and loops is verified. Neglecting the 
viscosity of the medium and the compressibility of the 
spheres, it was found that the radiation pressure approxi- 
mates inverse variation with the radius a of the sphere 
when the latter’s size is such as to make 27a/) greater than 
unity and less than four. 

Considering the spherical torsion balance a _ likely 
laboratory acoustic standard in liquids, it is possible to 
calibrate as secondary standards any pressure microphone 
for subaqueous use in the supersonic range. Such calibration 
was effected upon tourmaline crystal microphones by the 
usual resonance tube method. The piston source was 
telescopically fitted into the end of a horizontal rigid 
cylinder about 6 in. in diameter and 15 in. long. The other 
end was machined and covered either by a blank quarter 
wave plate which acted as a perfect reflector or a quarter 
wave plate in the reflecting face of which the tourmaline 
crystal was inserted. The spherical torsion balance was 
suspended over the center of the cylinder so as always to 
maintain the sphere on the axis of the cylinder. The whole 
suspended system was provided with horizontal motion by 
means of a micrometer screw of 4 in. travel. 

The results obtained by this calibration compare favor- 
ably with other methods and check roughly with the 
pressures calculated from the static piezoelectric constant 
of the tourmaline crystals. 


1L. V. King, Proc. Roy. Soc. A147, 212 (1934). 








